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CH.APTER Iir

EXECUTIVE SUMIARY*

1.1 GENER A I E OATION

Commercially available recognizers may not meet Coast

Guard minimum requirements, but today's synthesizers most

likely will be very useful for certain tasks, such as

weather reports.

1. 2 RECOQMENDAIOI: S PEECH BECOGITIC

we do not recommend that the Coast Guard pursue the

develorment of a speech recognition system at this time.

RATIONALE:

Current technology does not provide equipment capable of

recognizing key words, such as "mayday", as found in

ordinary and expected transmissions. Several manufacturers

are attempting to develop machines that will meet the Coast

tuard's minimum requirements. Quite rapid progress is

characteristic of the voice recognition field and suitable

systems should be available in at most a few years. Tt is

bighly doubtful that a duplicate research effort funded ty

the Coast Guard could provide suitable voice recognition

units more quickly.

A glossary of terms used in this report is given in

Appendix A.

I • -- - ,If



1.3 RECOMMENDATION: SPEECH SYNTHESIS

We recommend that the Coast Guard research

implementation of speech synthesis technology at this time

for: 1)specific tasks, particularly weather reports, and

2) general purpose use in communication stations.

RATICHRLE:

A speech synthesis system could be assembled from available

products to automate weather reports specifically and to be

used generally in other routine transmissions within

communication stations. The speech quality will be

consistent, without regional accent, and the synthesis could

provide for an extensive vocabulary. Since there is a

tradeoff between quality and vocabulary size, it is

understood that the pronunciation will be of less than

broadcast standard and have some "machine quality", but will

be most adequate for Coast ,uard needs. The system can be

made both "user proof" and "user friendly", allowing

operation by personnel with little technical training.

Synthesized speech could be generated instantly from reports

coming over the teletype with virtually no manpower

requirements. Such a system could be integrated into future

genebral automation.

1.14 TECHNICAL BACKGROUND: SPEECH PECOGNITION

Machines differ widely in the sophistication with which

they can "recognize" or "understand" human speech. The

simplest systems are capable of respording only to an

exceptionally limited vocabulary. For example, some can

-2-



understand only the digits 2ero through nine, plus a very

few selected vocabulary items. These words must be spokon

one at a time, by one person only, and the machine will

respond correctly to that person's voice only after

"training", where the person says each word over and over to

give the machine some idea of what to expect. These systems

are said to be "isolated word recognizers" because each word

must be spoken with pauses of silence as boundaries. They

are not able to handle "connected or continuous speech".

These systems are also said to be "speaker dependent"

because they must be trained by each speaker before they are

able to recognize the words correctly.

Improvements over these simplest systems are of two

separate types: first, some machines can identify the

vocabulary items in their list without having to be trained

and some machines can receive connected or continuous

speech. T~he advantage of the systems which have the first

improvement is that anyone can communicate with the machine

immediately without having to train it. Such systems are

called "speaker independent", because the machine does not

need information about which individual is addressing it,

and, therefore, can respond independently of such

information. Most all of these systems still have to have

the words Fresented one at a time.

The second kind of improvement has resulted in machines

which have fairly extensive vocabularies that can be

presented to then in a relatively normal, continuous manner.



These machines can receive spoken input~ as ordina ry

sentences, rather than one word at a time. They are referred

to as machines capable of handling "connected or continuous

speech". 'Ihey still have to be "trained" to be able to

understand any individual vho is going tc communicate with

tbem.

From the point of view o! virtually all applications,

it is unfortunate that no one system yet incorporates both

improvements, thereby becoming both speaker independent and

capable of handling connected speech. Private industry,

which sees a major market for improved speech recognition

systems, is attempting to solve the problems involved in

producing a widely useful recognition unit.

A large part of the difficulty with producing a tetter

system is purely technical. That is, the basic approaches

used so far seem likely to continue to be fruitful, but they

need refinement. The heart of the problem lies in the fact

that no machine actually "understands" anything in the

intuitive and rational way a human being does. The machine

does not "recognize" anything, either, in the way humans do.

Ihat machines actually do is follow a set of instructions

which are individually very simple, yet very numerous and

assembled in complex ways. we give an oral command and say

that the machine "understands" it. But what we mean is only

that the action produced by the last instruction is the

action a human would take upon hearing the same original

oral command. To get the machine to behave correctly, all

-'4-



the intermediate instructions between the ccmand and the

action must be correct. It is already a complex task to

assemble instructions that are known to be useful. Tn

addition, to produce improved speech recognizers, new types

of instruction must be developed and integrated into the

systems.

One of the central issues in speech recognition lies in

the area of "template matching". Cne way for a machine to

decide whether a word that it "hears" is the same as a word

that it "knows" is to make a comparison between a stored

"template" and the incoming word that has just been spoken.

Humans do this intuitively without being able to explain how

they do it. we know exactly how a machine does it, because

we must give it explicit instructions on what features to

consider. When it identifies an acoustic feature in both the

template and the input signal, it must be told how much of

that feature must be similar, if not identical, to the

template to count as "the same". When it has identified all

the features as "same" or "different", it must be told what

proportion of all features must score as "same" to result in

the whole word being considered to be an example of the

"same word".

No two humans speak exactly like one another, and no

one person always says the same word in the same way every

time. !t is difficult to give a machine instructions that

allow for sufficient flexibility and at the same time

preserve the essential patterns. Any number of small

-5-



variations that humans handle with ease can generate wrong

decisions in a machine. A w ord sroken more rapidly or more

slowly than the template word may match at the beginning,

for the first phoneme. By the time the input word arrives at

the fifth phoneme, a simple machine may be trying to compare

that fifth phoneme of the input with the fourth phoneme of

the template. Such a comparison would result in an erroneous

judgment of "different". Techniques such as time warping

attempt to ensure that the machine will si-ret or shrink

the input to fit the template, but they have ni( yet reachel

the level of sophistication needed to assure c -- matches

in every case.

Analogous problems exist for input words produced at

levels of loudness or stress different from the template, or

words sroken with regional accents different from that of

the person who produced the words on which the template is

tased. For these problems partial solutions exist, each

J roughly as successful as time warping, but none guaranteeing

totally correct recognition.

A 4ifferent kind of problem is presented by noise.

Humans have a capacity for "selective attention" by which

they automatically pay attention to the speech sounds and

ignore any random hiss, crackle, bang, or other non-speech

sound. As far as a machine Is concerned, any sound that

enters the system is as important as any other. In order to

prevent the machine from trying to match irrelevant noises

with features in the template, a way must be found to

-6-
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separate the noise from the desired signal. Methods

developed to date are successful only with low levels oF

noise, although improvement is being made.

Tn short, machines are extremely different from people,

and in performing tasks of speech recognition, far less

competent.

Ot the approximately 19 speech recognition units

reviewed, not one is of a level of sophistication to meet

uinimum Ccast Guard requirements. The rapid progress of

tasic research in speech recognition, however, makes it

appear likely that suitable units will be available for

purchdse in a few years, but it is not recommended that the

Coast guard implement the technology at this time.

1. TECHNICAL BACKGROUND: SPEECH SYNTHFSr

Speech synthesis is the science of producing haman

speech by artificial means, usually by performing various

operations on stored material. The stored data base may or

may not ultimately derive from recorded human voices.

Systems that derive from recordings have the advantage of

scunding fairly natural, but they have the disadvantage of a

limited vocabulary for a given set of messages and of high

cost lue to large storage requijrements. One of the most

successful of such systems is generally known as LPC

synthesis. (LPC stands for "linear prediction coding", and

refers to the method by which the computer selects the

material it extracts from the original speech for storage,

from which it will produce an imitaticn of the human voice.

2'j



IPC synthesis uses a digital filter to model the human vocal

tract. It is based upon the statistical assumption that

human speech changes relatively slowly, and that it is

possible to predict the next set of acoustic measures based

on a knowledge of previous ones.)

The other major class of synthesizers falls into the

category of rule synthesizers (also called text-to-speech

synthesizers or phoneme synthesizers) which are not based on

recorded human speech. These synthesizers store a fcrmula

for the components that represent the sounds of the letters

in ordinary spelling. Such sound components are called

phonemes. Much as a group of letters are assembled to form a

written word, so a related set of phcnemes are assembled to

form a spoken word. The name "rule synthesizer" emphasizes

one aspect of such word-building, the fact that there are

general patterns in the English language which can te

described in the form of a set of rules for the computer to

apply.I One set of rules involves English spelling, which is

often notoriously non-phonetic. For example, "so" and "do"

have the same letter at the end, but they are nct

phonetically pronounced the same. The rules help the

computer obtain basic pronunciations for most words which

follow general spelling rules. Words such as "knowledge" or

"freight", where the pronunciation would be absurd if all

tbe letters were pronounced, are treated separately. The

other sets of rules, and much the more technically demanding

-8-



to develop, are the ones that refine the pronunciation from

the first attempt to something more acceptable to the human

listener.

There are two general areas in which refinement is

needed. One is that when the units of sound (individual

phonemes) are first assembled, they may not blend socothly

together and form a recognizable word, even though the

correct sounds are present in the right order. What is

needed is a set of rules linking each phoneme to the next

with suitable transitions to smooth the prcnunciation and

unify the soun4 of the word. The other area where rules are

needed is to assemble the words, which may individually be

acceptable, into a sentence which flows smoothly in patterns

of rhythm and emphasis expected by a normal human listener.

Any sentence, however reasonable, becomes suddenly

difficult to understand if the individual words are

separated and said one at a time, as if in a list. What a

list lacks are the suttleties of emphasis that let the

listener know which words are minor parts of the utterance.

This general pattern or "melody" of the sentence is usually

referred to as the intonation. Developing rules for natural-

sounding intonation is probably the most difficult part of

text-to-speech or rule synthesis techniques, and the area in

which a listener is most likely to find fault with the

"machine quality" of the speech.

The advantages of rule synthesis are numerous. The

storage requirements are small, making that aspect

-9-



inexpensive. The vocabulary can be unilimited. A~ny text can

be converted to speech automatically, eg., urgent messages

from the Coast Iuard Comuunicaticns Stations to the marine

* community can become speech instantly. Some pronunciations

will probably be incorrect, but can be improved with

respelling of the text.

Hybrid systems also exist, as do linguistically

sophisticated systems requiring extensive specialized

knowledge for their operation. These systens will not be

discussed in detail in this report for they do not appear to

meet Coast Guard Requirements.

In summary, state-of-the-art speech synthesis best

lends itself to adaptation to specific Coast Guard needs,

such as broadcasting weather reports, and to general use in

certain applications within communication stations.

Approximately 32 synthesizers of different typesJavailable for purchase are reviewed. Of these, perhaps two

* or three are potentially adaptable to Coast Guard needs,

although none is an exact match to Coast G'ua rd

specifications. Considerable work would be required to

achieve the best possible mix of such factors as naturalness

and intelligibility of speech, ease of operation, limitation

of cost, and potential for integration into future large-

scale ccmmunications automation. Ultimately, however, the

use of synthesis for certain Coast luard tasks, such as

weather reports, would be advantageous and is recommended

for consideration.



CHAPTER 2

REVIEW OF COAST GUARD'S STATEMENT OF WOPK

This report discusses two advanced technologies, speech

recognition and synthesis, for possible use at Coast Guard

Communications Stations and Radio Stations. SCRL was asked

to consider that speech recognition technology be used as an

aid to watch standers for spotting distress calls over the

marine VHF-FM, RF(voice), and !4F(voice) frequencies. In

particular, the Coast Guard has expressed an interest in

keyword spotting for incoming broalcast messages (for

example, automatically recognizing "mayday", "fire",

"sinking", etc.). Such keyword spotting would be a means of

reducing the error rate in monitoring distress frequencies.

SCRL also considered that speech synthesis techniques be

used for automatic broadcasting of stored text messages,

such as weather information, notices to mariners,

hydrographic information, storm warnings, advisories, safety

messages, and urgent messages.

2.1 SPEECH RECOGNITION TECHNOLOGY AND COAST GUARD PLANNING

Two Coast Guard publications were furnished to SCRL for

evaluation in this area: 1) Telecommunications Manual

(COMDTINST M2000.3A), and 2) Coast Guard Padio Frequency

Plan (COMDTINST M21400. 1A).

' - 11 -



!he Coast Guard's Statement of Work coverinq this

project further noted that its main area of interest in

speech recognition technology involved keyword spotting in

connected or continuous speech. It also stated that the

Coast Guard was aware of problems involved with applying

speech recognition technology to Coast Guard needs in this

area. These included distortion and noise in incoming

signals due to radio transmission and problems in

recognition due to coarticulations in different phonetic

contexts.

Perhaps the most serious problem is that the Coast

quard obviously requires a completely speaker independent

recognizer. Currently available speaker independent

recognizers only operate reliably with digits, that is,

words such as one, two, three, four, etc. Fecognition of

words other than digits -equires training the recognizer for

individual speakers' vocabularies. Usually this is

accomplished by the recognizer system prompting the user,

who speaks the desired vocabulary items so they can be used

as templates for matching with incoming words. Several

training passes (repetitions) are usually required in order

to "train" the speaker dependent recognizer. !t is not

feasible to obtain training material from all speakers of

messages which are received by the Coast Guard. Thus, the

speech recognition technology must be speaker independent to

be useful for Coast Guard application.

- 12-
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There is no currently available speech recognizer that

would meet the Coast Guard*s requirements for a speaker

independent recognizer capable of keyword spotting for

incoming distress signals. Several companies are working

diligently in this area, but it should be at least several

more years before any manufacturer is able to market such a

recognition system.

A second requirement for the spotting of keywords in

distress signals concerns the need for a recognizer that can

handle connected or continous speech. Most all voice

recognizers are isolated word recognizers which require

pauses between words (or simple phrases which are treated as

words) so that problems of coarticulations in different

phonetic contexts will be avoided. Recently, however,

certain companies have marketed recognizers which are

capable of handlng connected speech up to 180 words per

minute. Unfortunately, these connected or continuous speech

recognizers are not speaker independent. So, they 4o not

meet both needs of the Coast Guard.

Another major technical problem with spotting keywords

in Coast Guard distress signals would be that such signals

have a relatively low signal-to-noise ratio. SCPL's

analysis of Coast Guard signals revealed a signal-to-noise

ratio which ranged from approximately 1348 up to an

approximate 30dB, with an average of 23dB. Such a low

signal-to-noise ratio creates a real problem for currently

- 13 -



available recognizers. 'While it is trie that recognizers

will generally operate with a relatively high It-gree 0 "

tackground noise, it should also be noted t hit this

background noise must he of a periodic nature or it will

create false recognitions. incoming signals, with their

pops, clicks, and other nonperiodic sounds, woul1 rresent

iroblems in this area. Also, incoming distress signals

receivel by the roast luard involve different speaker rates,

dialects, and accents which include phonetic and prosodic

variability. These areas all involve prchlers for speech

recognition technigues anti should be tetter resolvel lefore

the Co as t (7uard select any fcrv cf s Feec h recogniticn

technology.

2.2 7P!.CP "YN PFST , TECTHNOT.OGY ANfl rOAS'r -,Urn PTANN-NI

-he Coast ruard may he interested in speech synthesis

technology as it relates to automatic broadcasting of stored

text resages, such as weather information, notice-, to

mariners, hydrographic informatior, stcrm warnings,

advisories, safety messages, and urgent messages.

One important r~oast luarl consideraticn relating to the

Eotential use of speech synthesis technology is that it

woull help to ease manpower requirements fcr the produrtion

of requirod coast Guard broadcasts. 'sYnthesized uitterances

can be readily oltained for transfwissicn. Synthesized

utterarces should approach those of a trained broadcaster in

overall quality. Synthesizel troadcasts uculd hAve no

- 14 -



variances in voice characteristics due to changes in the

distance betwepn the microphone and the mouth, or due to

regional dialect differences. It might be added, howeve r,

that if chanqes in phonetic or prosodic codings are desired

to produce different alertness responses, these variations

can be generated by voice synthesis. Also any text can be

converted to speech automatically, e.g. incoming weather

reports coming over a teletype can become speech instantly.

The Coast Guard also feels that digital storage techniques

are, of course, more reliable and easier to maintain and

edit than analog tape recordings or magnetic drums.

Currently the Coast Guard uses analog speech recordings

which have good quality, but they present the following

problems: a) vocabularies are limited in sizq, b) the

recordings are difficult to modify, c) the recordings are

difficult to operate automatically, and d) the recordings

produce a discontinuous dialog when spliced together.

Some of the above problems might be eliminated by the

use of speech synthesis. This technology produces sounds

associated with basic units of speech (phonemes) which are

combined to make words. Electronic logic reads stored text,

assembles phonemes into words or sentences in the proper

sequence and outputs the desired synthesized utterances.

Prosodic characteristics (such as stress, pitch, and

duration) can be modified as required to produce the desired

pronunciation characteristics of synthesized utterances.

- 1% -



The desire to have utterances of an unlimited vocabulary and

simultaneously of good quality presents a challenge in that

a tradeoff exists between vocatulary size and quality.

Quite obviously, a very limited number of vocabulary items

(such as the digits) can be carefully synthesized to obtain

very good quality. On the other hand, it is difficult to

synthesize an exceedingly large vocabulary (such as 10,000

words) with an equivalently good quality. The type of

synthesis used in each case would be different, as discussed

below.

2.2.1 TYPES OF SPEECH SYNTHESIZErS. It is important that

information be provided to the Coast G'uard regarding the

possible implementation of speech synthesis to meet its

broadcast requirements. The various types of synthesizers

available will be briefly detailed here, since different

types of speech synthesizers have specific advantages and

disadvantages as they relate to Coast Guard needs.*1 fasically, there are three main types of speech synthesis:

1) Analysis synthesis or LPC synthesis - such

synthesizers typically rely upon stored linear

prediction coefficients which are used to define a

digital filter which simulates the human vocal tract.

Such synthesizers typically exhibit high-quality speech

output, with realistic prosodic features, such as

stress, intonation, etc. LPC synthesizers are not

generally geared to the production of specific

- 16 -



phonemes, but are set to output whole words based upon

real human speech which has been analyzed. A

limitation of analysis synthesis synthesizers is that

they typically require large amounts of computer

storage for individual words, since words are stored as

complete units.

2) Rule synthesis - such synthesizers do not rely upon

an actual analysis of speech as a basis for output of

synthesized utterances. Instead, rule synthesizers use

combinations of different parameters which are designed

to simulate actual speech. Rule synthesizers generate

combinations of basic phonemes, so they typically

exhibit large vocabularies. There are certain

limitations to rule synthesizers. Their output speech

is typically not of the same quality as LPC synthesis.

Rule synthesizers have difficulty with Frosodics such

as stress, intonation, etc. They also encounter

problems with coarticulations, since different phoneme

combinations have different coarticulations.

3) Digital recordings for synthesis - dpvices of this

type are not speech synthesizers in the literal sense

of the term. The approach is to digitally record human

speech which is typically stored on LSI chips for

subsequent playback. One advantage to digital

recordings is that they exhibit high quality audio

output, since they consist of actual "recordings" of

- 17 - ,



human speech. On the other hand, such an approach does

not allow one to synthesize novel utterances, or to

combine phonemes to achieve a very larqp output

vocabulary.

SCRL notes that several manufacturers of synthosizers

now market, or are planning to market, text-to-speech

systems which are advanced rule synthesizers. These are

designed to allow the user to type in a sequence of words at

a computer terminal, which are subsequently output as whole

spoken sentences. Such text-to-speech synthesizers

generally will include not only segmental (rhonewe or

letter) encoding, but also suprasegmental (prosodic)

information, such as appropriate stress levels and

intonation patterns, to improve their output. This is a

definite advantage where the user wants to output whole

sentences or phrases with natural-sounding prosodic

patterns.

2.2.2 COAST GUARD CONSIDERATIONS. For all types of

synthesizers, the size of the troadcast vocabulary is a

primary consideration. The Coast Guard appears to require a

synthesizer with a very large, if not unlimited, vocabulary.

Rule synthesizers have a definite advantage in this area. A

major consideration regarding the use of voice synthesis by

the Coast '.uard involves the degree to which vocabulary

changes would have to be made. It appears that the Coast

,uard would require very frequent changes in their broadcast

't



vocabulary. Distress, safety, and urgent messages might

require such changes. As noted, the rule synthesizers do

have a very definite advantage in this area, as they can

string phonemes together to create new words without

difficulty. On the other hand, analysis synthesis typically

does not include this capability, but does allow the user to

string different combinations of words together, often

within the context of some basic sentence to preserve

natural sentence intonation. weather broadcasts might be

synthesized using this technique until more natural sounding

speech is generated by rule synthesis, assuming the main

vocabulary is relatively fixed. New items, such as names of

storms, could be added to the fixed vocabulary as needed.

Another very important consideration involves the

quality of broadcast messages. It can be assumed that the

Coast Guard requires high-quality speech output, with good

prosodic characteristics and no serious audio degradation of

broadcast messages doe to difficulties with coarticulations

between phonemes. Note that analysis synthesis, such as

provided in LPC synthesizers, does exhibit high-quality

phonetic and prosodic characteristics, since it simulates

actual human performance in this area. Rule synthesizers

typically include at least several levels of stress, which

must be manipulated by the user to ensure realistic-sounding

output. It is important that the Coast Guard have the

opportunity to evaluate the acceptability of output from

different types of speech synthesizers for its use.

- 19 -
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2.2. 3 LEVELS OF SYNTHESIS PPODOCTS. Tt should be noted that

there are several levels of synthesis products which are

commercially available, just as there are several types of

commercial synthesizers. These products are detailed to

assist the Coast Guard to become more familiar with various

options regarding implementation of voice s yn thesis

techniques. There are tasically three levels of synthesis

products available. First, there are the complete systems,

which come with a host computer and which require minimal

software. Second, there are the board-level products, which

are designed to pluj into a host computer. Finally, there

are the LSI chip level products which must be integrated

into circuit boards before they can be used.

There are several synthesizers which come with a host

computer and all relevant software. The main advantage to

-such synthesizer systems is that they require virtually no

installation or host software. For example, Centigram

markets a speech development system, complete with aA digitizr, host computer, disk, and a parametric wavPform

synthesizer. The main advantage to such a system is that it

requires no software for integration with a host computer.

Such a system is particularly applicable where users might

have a need for an additional host computer or do not yet

have a computer system.

t Board-level speech synthesizers are generally designed

to plug into PS 232-C interfaces, the most common type of

- 20 -
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computer interface. Such synthesizers are available in a

wide variety of configurations: analysis synthesis types,

rule synthesis types, and digital recording types. These do

require that the user have a host computer to control the

synthesizer, as well as in many cases to store additional

vocabulary which is to be synthesizel. Tn most cases, the

necessary software is supplied by the manufacturer. Note

that board-level synthesizers are generally quite reasonable

in price (from approximately $500 to $3,000), depending upon

the synthesizer configuration desired.

Finally, speech synthesizers are available as LSI chip

level products, which have to be integrated into circuit

boards before they can he used. Actually, such chip level

synthesizers are generally sold to original equipment

manufacturers (O.E.M.) for use in consumer products, home

computers, etc. Chip level synl.hesizers are also available

in a wide variety of configurations. Tntegrating chip level

synthesizers into a large-scale speech synthesis strategy

requires a relatively high degree of engineering and

electronics sophistication on the part of the user.

Naturally, along with actual LSI speech synthesis chips, the

user must include additional chips for storage of

vocabulary, clock timer circuitry, etc. All in all, this

woull have to be considered the most complex approach the

Coast Guard could take with regard to speech synthesis, and

one that shoull be approached with caution. This is

- 21-



particulary true in that manufacturers typically do not

provide necessary controller software with their L." chip

level products.

One point which should be made is that most

manufacturers of speech synthesis products are very willing

to work with users in the actual setup of their

synthesizers. In many cases, too, manufacturers offer

custom boards designed for juite specific purposes. Should

the Coast Guard purchase a speech synthesizer system, it can

he assumed that manufacturers would be willing to work with

them closely to get their system operational. Also,

manufacturers typically offer custom vocabularies for their

board level products, to suit quite specific needs. This is

particularly true for analysis synthesis (LPC) synthesizers

which generally are not designed to string phonemes together

to create new vocabulary items. The Coast Guard should be

aware that custom synthesizers do require considerable lag

time for the manufacturer to prepare LST chips with desirel

vocabulary items and to integrate these into actual circuit

boards. Changes in the vocabulary of analysis synthesis

type synthesizers typically require installation of

additional LST chips containing the proper vocabulary.

2,2.4 ASSUMPTIONS REGARDING COAST GrARD SPEECH SYNT[UF STS

NEEDS. Based upon general considerations regarding the

actual use of speech synthesizers, SCRL is able to make

several important assumptions regarding the potential use of

- 22 -
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speech synthesizers by the Coast Guard. These assumptions

should help clarify the type of synthesizer the Coast Guard

mijht wish to use for meeting its broadcast requirements.

1) The use of speech synthesis strategy would avoid

several of the problems the Coast Guard now faces in

meeting its broadcast requirements. For example,

speech synthesizers do not typically require the use of

soundproof booths as do current Coast Guard broadcasts.

Synthesizers also avoid the problem of speakers

enunciating broadcasts at different repetition rates,

or with different dialects. Speech synthesizers also

avoid problems with varying distances between the mouth

and microphone, inherent in analog-type recordings fo.

broadcast.

2) The Coast Guard apparently requires an essentially

unlimited vocabulary for its total broadcast

requirements. This assumption is based upon the fact

that broadcasts would have to name ships, storms, etc.

If broadcasts were based upon a stored set of

vocabulary items, it seems most likely that this

vocabulary would have to undergo very frequent changes.

This all argues for a rule synthesizer, which would

have the capability to concatenate phonemes to create

new vocabulary items as desired.

3) It can be assumed that the Coast Guard would require

very high-quality speech synthesis, since broadcast
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messages are transmitted over radio channels which

would subject them to further acoustic degradation.

Towards this end, the Coast Guard should have the

opportunity to evaluate the output from various types

of synthesizers to assure that such output would meet

its needs. The Coast Guard should, if Fossible, check

the quality of synthesized broadcasts to see if they

are acoustically acceptable after they have been

broadcast over Coast Guard radio channels. This would

help to ensure their overall acceptability for Coast

Guard purposes.

4~) Whatever speech synthesis strategy the Coast Guard

adapts, it should not require elaborate operator

training so as to save manpower.

5) Any synthesizer system considered should he very

time-efficient, having the capability to output desired

broadcasts instantaneously from tele type messages

without lon'j turnaround times.

6) Any synthesizer system considered by the Coast Guard

should be hiqhly reliable, with a backup system, if

possible. Actually, since currently available

synthesizers rely upon LSI circuitry, they are

typically very reliable for they contain no moving

parts.

7) The Coast Guard should investigate fully just what

software will be required for any synthesizer system it



might wish to consider and see that this synthesizer

would fit in with its overall system requirements,

including host computer interfacing, programming

languages, etc. All types of speech synthesizers have

their advantages and disadvantages. The Coast Guard

should carefully weigh these before opting for any

particular type of synthesizer system.

rn conclusion, SCRL is optimistic about the Coast

Guard's use of speech synthesis strategies in meeting its

broadcast requirements. Such synthesizers should have

several advantages over currently used broadcast techniques;

not the least of these advantages is the relatively low

price of several commercially available speech synthesizers.

Finally, SCPL stresses the point that speech synthesis

should present one option by which the Coast Guard should be

able to save manpower in meeting its broadcast requirements,

an4 maintain or increase the quality of Coast ,uard

(broadcasts.
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CHAPTER 3

STGNAL ANALYSTS OF SELECTED COAST MIARD PROADCASqS

This chapter contains an acoustic eva-luation of the

sample Coast Guard broadcasts which were suFplied to SCRI

for analysis. ?here were 15 sample broadcasts contained on

the analog tape supplied to SCRL by the Coast Guard. The

tape was recorded at the U.S. Coast Guard Communications

Station, Honolulu, in late 1980. The sample broadcasts were

arbitrarily selected, to be typical signals received that

radiomen felt represented the range of Foor to excellent

signals. These sample broadcasts were input to several

acoustic analyses. These analyses were designed to help

establish how the Coast Guard broadcasts might interact with

speech input/output technologies. In particular, we wanted

to determine how well Coast Guard broadcasts might interact

with speech recognition technologies which are either

currently available or under development.

SCEL used its Interactive Latoratory System (TLS) for

analysis of the acoustic characteristics of Coast Guard

broadcasts. SCRL's TLS system operates on a DEC PDP 11-45

computer, with an SX-11-D operating system. The tasic

procedure for acoustic analysis of Coast Guard signals was

to digitize them from analog tape and perform acoustic

analyses uron these digitized vaveforms. There were several

steps which were carried out for the acoustic analysis of

Coast Guard signals. These included:
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1) Analysis of pitch and RMS amplitudes of siqnals.

Such an analysis was carried out with in-house

software. The program provided both a display ot pitch

contours and PIS amplit~ldes of input waveforms, and a

hardcopy which was output by SCfL's lineprinter, as

shown in Figure 1. The primary purpose of this

analysis was to obtain numbers which would allow us to

compute the signal-to-noise ratio for selected Coast

Guard signals. Such a computation is an important

measure for a preliminary analysis of how Coast Guard

signals might interact with speech recognition

technology, where this is a primary consideration.

2) Spectral analysis of Coast Guard broadcasts which

was carried out using TLS software. Specifically, ILS

was used to compute inverse filter coefficients on

digitized signals. Following this, the spectral

content of specific frames of input data were displayed

and copied on SCRL's hardcopy unit. The purpose behind

this approach was to allow for analysis of the spectral

content of Coast Guard signals, as shown in Figure 2.

Specifically, SCRL was interested in determining what

the cutoff frequencies were for Coast Guard broadcasts,

so that we would be able to arrive at a better

understanding of how Coast Guard broadcasts might

interact with speech recognition technology.

- 27 -
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digitized waveform

R14s amplitude

Figure 1: Sample printout from SCBL pitcl. and RIMS
detect ion program.
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Figure 2: Spectral plot from sample Coast Guard
broadcast.
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Note thdt most speech recogni7ers input data from

approximately 900 Hz. up to approximately 5-6 kHz. Thus, we

wanted to determine whether or not Coast -,uard signals wpre

within this range, and how such background noise these

broadcasts generally contained.

SCRL computed signal-to-noise ratios from RMS amplitude

medsurements carried out with SCRL's in-house

autocorrelation pitch extraction program. Table I has the

signal-to-noise ratios computed for sample Coast luard

broadcasts analyzed by SCRL.

TABLE 1

Signal-to-Noise Ratios for 15 Sample Coast Guard Broadcasts

Signal-to-Noise Appro xim ate
nroadcast i atio Cutoff Frequencies

1. 21.87 400-4000 Hz.
2. 13.12 300- 3500 Hz.
3. 18.00 500-4000 Hz.
4. 24.74 400-4000 Hz.
5. 26.84 300-3500 Hz.
6. 25.75 600-3000 Rz.
7. 24.90 400-3500 Hz.
R. 28.46 400-3500 Hz.
9. 30.69 500-3500 Hz.

10. 29.29 700-4000 ffz.
11. 15.80 700-3500 Hz.
12. 23.72 500-3500 Rz.
13. 18.15 500-4000 Hz.
14. 20.10 500- 4000 Hz.
15. 21.26 400-3500 Hz.

Mean 22.85
Variance 5. 13
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Descriptive statistics were performed on this corpus of

data. It was noted that the 15 sample Coast Guard

broadcasts examined had a mean signal-to-noise ratio of

23dB., with a standard deviation of 5dB. With regard to

cutoff frequencies, it was noticed that Coast .uard

broadcasts fell generally within the 300-4000 Hz.range.

Approximate cutoff frequencies were used to compute signal

tandwidths. The term "bandwidth" is generally used to

describe signals which are confined to a distinct region of

the frequency spectrum. Bandwidth is a useful term in the

present context, since it can be used to describe the width

of Coast Guard signals, in terms of their Hertz range.

Sample Coast Guard broadcasts evidenced a mean bandwidth of

3207 Hertz, with a standard deviation of 315 Hertz.

In view of the poor signal-to-noise ratio which was

inherent iin the Coast Guard recordings, it was not practical

to do further acoustic analysis of the speech signal. It can

be assumed that identification of phonetic and prosodic

details in these recordings would be difficult for most

analysis techniques. The poor signal-to-noise ratio

inherent in Coast Guard messages received would drastically

limit the use of speech recognition systems for potential

applications, such as wordspotting. The transmission of

synthetic speech should be well tested to be certain

acceptable quality is maintained regardless of the

signal-to-noise ratio.
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CHAPTER 4

OVERVTEW OF SPEECH PECOGNITION PRODUCTS AND TEC4NnLOrY

This chapter of the report gives an overview of the

speech recognition products reviewed. Rasically, SCRL notes

that nearly all manufacturers listed recognition accuracy

rates in the vicinity of 99! for their recognizers.

Actually, these figures must be approached with some

caution. Note that there is no established vocabulary which

has been consistently used to compare recognizers.

Potential users of a speech recognition system should lecide

what vocabulary they might wish to use with it and actually

try this vocabulary out in the field under real test

condit ions.

Naturally, some vocabularies are much easier for

recognizers than others, and results vary accordingly. For

example, where vocabularies contain words with very similar

phonemes, such as "right" and "ripe", items can be confused.

Also note that different speakers may influence test

results, depending on their cooperativeness in training and

using the system. Background noise can affect accuracy

results, particularly if the noise contains nonperiodic

sounds. Variables relating to recognition accuracy rates

should be identified in advance, and their potential impact

- 32 -
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upon recognition accuracy should be fully considered before

actually purchasing any particular system. liost

manufacturers are very cooperative in arranging

demonstrations and evaluations of their speech recogniticn

devices.

The bar graph in* Figure 3 shows general prices of

various recognition systems manufactured by Nippon Flectric

Company, Threshold Technology, Interstate Electronics,

Votan, Heuristics, Centigram, Auricle, Scott Instruments,

and Voicetek.

This bar graph basically includes top-of-the-line

recognition systems for ease of comparison. As can be seen,

prices for recognition systems vary from several hundred

dollars up to approximately $33,000. A main point with

respect to the bar graph of prices is that, in general, the

higher the price, the larger the recognition vocabulary, and

the faster words may be input to the system. Subsections of

this report detail the advantages and disadvantages ot

various systems; these should be considered before selecting

any pdrticular system.

As was noted previously, the Coast (uard apparently

requires a completely speaker independent recognizer for use

in spotting keywords in distress signals of connected

speech. As this report notes, there is no such system

currently available. All recognizers which were evaluated

require training by specific speakers. Interstate
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Electronics does market a speaker indppendent recognition

chip which has a claimed accuracy rate of approximately 85%

for the generdl population, using digits only. we single

out for Coast Guard consideration the Verbex 1800

recognizer, which handles up to 50 isolated words plus

digits and control words, in a speaker-independent fashion.

In fact, we suggest the possibility of using this recognizer

to handle keywords which might reasonably be assumed t: be

somewhat isolated, or spoken at a fairly slow rate.

There is a continued effort among manufacturers to

develop a completely speaker independent voice recogniticn

system. However, it should be two or three years before

anyone succeeds in marketing such a system which is capable

of meeting Coast Guard needs in the area of keyword spotting

in distress signals, using connected speech. There are many

technical problems associated with developing such a system.

Cbviously, ,lifferent speakers can have quite different

acoustic manifestations for particular phonemes,

coarticulations, overall accents, etc. Another obvious

problem is the difficulty in handling speech recognition

usinq connected speech, where words may be quite different

acoustically than their isolated acoustic forms and

segmentation of word boundaries is seldom clear.

Nonetheless, manufacturers are competitively developing

speaker-independent recognizers which can handle connected

speech input. Advances will surely be made in this area
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within the near future. As we have stated, we expect that

there may be a commercially available, speaker-independent

recognizer capable of handling a relatively large vocabulary

(approximately 100 words) in connected speech in

approximately two or three years.

4. 1 AVAILABLE SPEECH RECOGNIZERS

Data concerning speech recognizers were basically

compiled during the period of I181 and 19R2 from

manufacturers' specification sheets and brochures, as well

a5 from direct input from manufacturers anil published

articles relating to speech input devices. This, much of

our information came directly from information we requested

from manufacturers of voice recognition systems. Tt should

be noted that new product lines may have been introduced

since thv original collection of the data.

There is an increasing variety of speech recognition

products being marketed by different companies for various

adijplications. Price and performance parameters of these

different devices vary consideratly depending on the level

of the products: chip level, board level, or system level.

They also vary depending on the type of recognizer:

i!,olited word recognizer vs. connected speech recognizer and

spedker-dependent recognizer vs. speaker- independent

recognizer. The information given below is from nine

mdnufdcturers of speech recognizers: 1)Centigram,

2)Heuristics, 3) Interstate r lectronics, 4) Nippon Electric

36 -

4



Company, 5)Scott Instruments, 6)Threshold Technology,

7)Verbex, 8)Voicetek, and 9)Votan. The information received

from each manufacturer was not always complete or of the

same type of material given by other manufacturers.

Consequently, it is difficult to provide comparative data

for all speech recognition systems.

Cefntiram

Centigram markets speech recognition products in the

systems and board level categories. Their Mike recognizer

is basically a speech recognition and response terminal.

The Mike is noted to have two basic operating processes.

Voice input is received through a recognition process for

training reference patterns or performing recognition. The

results of recognition are transferred to a host computer

through the input/output interface. For recording audio

response messages, voice input is received through a

response process with the unit synthesizing recorded

response messages on command from the host computer.

Table 2 lists the main features of the Centigram Mike

along with operating specifications.

The ,like uses a spectrum analysis approach, where input

waveform data are either stored as templates or compared to

existing templates. Note that direct spectrum analyzer

output is available with the Mike unit.
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Recognition and voice response are two different

procedures, or sets of algorithms, as the Mike unit will

provide up to 16 seconds of audio response, but will provide

a recognition vocabulary of 99 words (in any language).

Centigram also notes that recognition electronics are

available on a single card, with voice response being an

option. Also available is the complete stand-alone unit,

with voice response also an option.

The Mike terminal sells for $4,765; the unit includes

the Mike terminal, head microphone, and recognition support

software. The Mike recognizer can be used in conjunction

with Centigram's Lisa speech synthesizer (described in the

speech synthesis products section).

HeurLtics

Heuristics markets speech recognition products which

are in two main areas: systems level products (tarminals)

and board level products. Heuristics' terminal products are

moderately priced, ranging from approximately $4,600 to

$5,000.

SCRL received from Heuristics descriptive brochures for

two main speech recognition systems. First, Heuristics

markets the 5000 Series products line. This product line is

headed by the 5600 Voice Terminal System. This system

It features a Lear-Siegler terminal, a voice controller board

with i 128-word vocabulary, disk drive and cables, and a
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noise-cancelling microphone. The 5600 system has a list

price of $4,995. Second, 4euristics markets the 7000 Series

products line. This system does not include a terminal. It

consists of a voice controller board (also with a 128-word

vocabulary), disk drive and cables, and a noise-cancelling

microphone. It has a list price of $j,595. Note that these

two systems may be purchased in part or in whole, as needed.

The Heuristics 5000 Series is described as a stand

alone intelligent data entry device. The unit utilizes a

spectrum analyzer using digital filtering techniques to

analyze audio input and to convert it to a digital

representation. Heuristics states that proprietary

algorithms transform the lata into a reference template.

Reference templates, obtained during training, are compared

with those from audio input. When a match occurs, a

user-defined ASCII string is sent to the host and/or the

terminal.

The following is a list of features of the 5000 Series

recognizer:

I)128 word/phrase vocabulary

2)each word/phrase may be up to 3 seconds in duration

3)127 user-definable vocabulary subsets

4)ASCTT strings up to 255 characters in length

5)local storage eliminates the need for host

programming

6)simultaneous use of voice and key entry

0- -
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7)device listens continuously through wraparound

speech buffer

8)compatible with several languages, including

FORTRAN, COBOL, PASCAL, and ASIC

9)automatic self test and fault isolation

10)flS 232C (20mA current loop) serial interface

11)50 - 9600 Baud

12)high level auxiliary input for telephone or tape

recorder (1 VPMS)

13)single board unit easily installed in Lear Siegler

terminals

Table 3 provides a listing of Heuristics operation

specifications for the Series 5000.

The Heuristics Series 7000 speech recognizer is similar

to the Series 5000 device, but does not include a computer

terminal. It is designed for use in conjunction with any

ASCII terminal. This recognizer utilizes the same basic

recognition approach as the reuristics 5000 Series units.

It also shares the same operation specifications with the

5000 Series units, as listed in Table 3.

Int2ersa_te- E lectr onics

Interstate Electronics is one of the oldest companies

involved in speech recognition, and currently manufactures a

rather wide array of speech recognizers and related

prod lcts.
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length Lear Siegler ADI.I.5 Terminal Width 15 60 in 139 60 cml 6 00 in (15 24 cmi
* t12? user definable vocabulary Subsets Voice Controller Board Depth 20 20,, 5i 1 30 cmlp 13 d0 in 133 02 Cmll

with 120 word nocebuiary Height 1350r -134 30 cmt 3 75 in (9 53 cml
* ASCII strings up to 255 characters in length Disk Drine and Cables Weight 34 42 i5 (15 64 kgl 8 50 lbs (3685 kgl
* ,ocai storage elimninates the need tot host Noise Cancelling Microphone Electrical

programming S400 VOICE TERMINAL SUBSYSTEM All Power supplied

*Simultaneous use of voice and key entry Voice Controller Board trtuhADs erial15 230V t t1 51 0%
with 128 word nocabulary I5230V 51 Watt

*Listens continuously through wraparound DiscO brin end Caatts rt

Copatihbuferwt l agae nldn Noise Cancelling Microphone Audio Input 0Wat

FOTRN Comptibl with AL all lagugs3ncuin0 VOICE TERMINAL Low level 5 MV Ftf.S. 600 a-im impedance e
FORRAN COOL PACAL BAICLear Siegler ADM 5 Terminal Connector E13F Svitchcrutt 3 pin female

*Automatic self test end fault isolation Voice Terminal Board High level t oil RMS. 1000 ohm mpedsence
R P5 232 C l20finA Current loop) serial interface with 128 word vocabulary Connector 1..nchpione~aci
50 to 96100 Baud Noise Cancelling Microphone RS-232-C Consnector: 08-25

5204. DISKf DRIVE*High lenel auxiliary input for telephone or Cables and Disk Conroler for Recogntlion Rate: 99.+ per,.tni
tap~e recorder (I VRI.4) upgrading model 5000 to model 5400 Weareanty- One year for SIP parts and labor

*Siqgle board unit easily installed in LSt 5000 VOICE TERMINAL BOARD All speriricellrin subiecl to chan'o wirhoul nllin

ADM 3 and 5 termtinals with 128 word vocabulary
Noise Canceiling Microphone * 'il'l..*r...rv0*.i..

285 AMMRWOO AVNUEEASTERN REGIONAL OFFICE
r~5 AMMEWOODA VEUE R MAIN STREET

H E J JS ~ " = )) SUNNYVALE CALIFORNIA 9408 FORT WASHINGTON. NEW YORK 11050
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Interstate's speech recognition products are broadly

divided into 3 areas: 1)terminal products, 2) board

products, and 3) voice semiconductor products.

Tnterstate Flectronics markets two basic voice entry

terminals. One of these is the VRT101 voice recognition

terminal. This unit has a 100 word recognition vocabulary,

and boasts a 99%+ accuracy rate. The unit includes a Z80

microprocessor, a 48K memory, and a 100K floppy diskette

drive. The VRT101 sells for $5,295, with quantity discounts

available. Interstate also markets the VRT103 fully

integrated voice recognition terminal, which is the same as

the VRT101, but includes two additional floppy diskette

drives with a 300K memory capacity. The VRT103 sells for

$6,595 in single units. Following are Tables 4 and 5

covering the specifications of the VRTI01 unit. Tt should

be noted that a wide variety of options are available for

Tnterstate's speech recognition terminals.

Interstate's board products include:

1) VPM041 voice recognition module. This unit

includes a 40 word voibe recognition vocabulary with

991 accuracy, and RS232-C interfacing. The VRM041

sells for $1,790 in single units.

2) The VPM102 voice recognition module. The unit

features a 100 word vocabulary with qq accuracy, and

2 serial RS232-C or 20-mA asynchronous interfaces.

It sells for $2,255 in single units.

-43 -

-- 6



1) The VRT200 voice recognition module. Tbe unit

permits voice recognition with the popular Lear

Siegler ADM 3A and AD" 5 terminals. The unit

features a maximum of 100 isolated words or phrases

and recognition accuracy of 99f or better. The VRT

200 also includes a user programmable reject level.

The VRT200 sells for $2, 100 in single units.

Tables 6 and 7 provide a listing of specifications for

the Tnterstate VRT200 voice recognition terminal.

Table 8 indicates specifications for the Interstate

VRM041 and VBMI102 voice recognition modules

Interstate markets a single-board speech recognition

module for DEC Q-Bus equipment, called the VPQ400 voice

recojnition module. This board costs f2,120. It features a

130 word recognition vocabulary, trainable for any

vocabulary in any spoken language. The unit is usable with

direct microphones, wireless microphones, or via telephone.

A new product from Interstate is the VRCOOR voice

recognition chip. This chip features an -word vocabulary

and is speaker-independent. An accuracy rate of 85% is

given for the general population. The chip has an initial

charge of $25,000 for tooling and mask generation. After

this initial tooling charge, the VRC008 sells for $22.50,

with discounts for quantities over 25,000 units. Table 9

proviles a listing of specifics regarding the VRC008.
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£nter5 -"C -:~'roni-s VRT'O1 Voluo Recocfn~l on Termindl

INTERSTATE VIERCGIINTRIA
ELECTRONICS VIERCGIINTRIA
CORPORATION Mode VRT101

0 Direct voice interaction with application
software

* Supports a variety of application programs
and higher level languages

* 1 00-word resident vocabulary
0 "9%+ accuracy

0 Utility software for immediate use of voice
recognition functions

Voice recognition. io falls ningrele inf Inhrtt' dkOl- 9 Sef-test for fault isolation
based VIT 101 intelligen~t voice lerisa.

MODEL VIT101 SPECIFICATIONS

CPU and Memory
Prwrsaor: ZOO
Clock: 2 048MHZ
&Wve Wy: 48K bytes RAM

Display Serial Input/Outpull Poets (2)
CIT: 12 inches diagonal P4 phosphor Interface: EIA RS-232C at data rates of 110 to 9600 bits per
Display Fiista: 24 lines of 80 characters plus 25th use- scn

itatus line Communcatons Mode: Full or hall duplex.
01.911, Size: 6 5 nches high x8 5 inches wide. Partty: Even odd or none.
Chmacte, Slag: 0 2 inch high x0 1 inch wide (approximate).iiChmacderSet: 128 '9S ANSII plus 33 graphics).
Chairacter Type: 5 x 7 dot matrix (upper case), 5 x9dot Disk Systems

matrix lower case with descenders)
Keyboard: 72 keys (60 alPhanum~enc. 12 function control) Built-in: 5-1 '4-inch floppy. 100K bytes

plus a 12-key numeric pad. VRTDK2: Two external 5-1/4-inch floppies. 200K bytes.
Cantore. Blinking or reverse videa block or off
Cain. Contols: Uip, down let. right. home., CR. LF. back Software

space. and tab tram keyboard or computer.CP :Oprtn vessowa.
Cantee Addressinhl: Relat ive and direct. SiC Mpaicro yemsoft wae

Tab: Standard 8-columnBAI:Mcoft
Refresh flat@: 60 Hz at 60 Hz. 50 Hz at 50 Hr line frequency FRTRAN. Microsoft.
EWIN Function: Insert and delete character or line.
Erase Fuec" :. Erase line from beginning of line to end of

line, erase page from beginning of pae to end of page.
Bel: Audible alarms on receipt of ASCII BEL
Vkks. Normal and reverse by character.
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int-orsli- El--t ron ,.s VRT1IO] - Fur h, h - , l' .

Mechanca/ Voice Ut1ifty Commands

Dimelions: 13 inches high x 17 inches wide x 20 inches I Train
deep. 2 Update

Weillkd: 54 pounds. 3 Reset

EIIf 'IIIIIIItLI 4 Set RTHL
Enti oo nenW5 Read RTHL

OpeingL Temperatur: 10 to 3SC 6. Download reference pattems only

Storae TempeeaiW: 0 to 3 *C. 7 Upload reteence patterns only

8. Download reference patterns and ASCII strings (joint
Power 9. Recognition with common vocabulary

120/240 volts at 50/60 Hz at 90 watts maximum 10. Recognition of non-contiguous vicabuiarv host
mode only)

Voice Rieconition Ptrfomance 11. Test (standalone mode only)

Vocabulary Size: 100 isolated words and/or phrases. 12. Write word boundary paraietei
Recogition Accuracy: 99.- percent 13. Read word boundary parameters
Rejet ThoAcia: User selectabne. 14. Set Operational Mode standalone,0. host- 1

Longest Utterance Duration: 1.25 second. 16. Set Cain

Minimumi n-Word Pauses. 160 milfi sonds (user- 16. Read fien

programmable: 40 to 320 milliseconds). 17. Compare Reference Patterns

Minimum Word Length: 80 mfiliseconds (user- 18. Self-test

programmable: 80 to 160 miliseconds).

Process ng Time: I25+NI milliseconds, where N , active
vocabulary size, following detection of (the end of word. CP/ M" is a trademark of the Digital Research Corporation

fo '-'
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cl Z
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INTESTMEVOICE RECOGNITION TERMINAL
ccmnxwxxyModel VRT200

* Single-board speech recognition module

I - - - - -- - -- - - - - Adds voice input capablity to ADM 3A and
ADM 5 Dumb Terminalt Video Displays

* No special programming required

* 1Wword vocabulary

+ 9% accuracy

D_ * Selectable decision threshold for rejection of
unwanted Inputs

mock Dasi aW ADM 3A Termeda wft VR380 %'se

Accurate. Low-Coo Automatic Speech Recognlzer
The VtT20D a a singl pninted-circust board speech recog- presieives the informfation content of the spoken inputs while
nizer wit a vocabulary of 100 words or shlot phrases discarding redundant features During vocabulary training.
designed specificall for use in the Law Siegler ADM 3A and these patterns amt used to derive templates for each
ADMi 5 Dumb Termviall

t Video Displays. With 99+ percent utterance. The templates ame then used in the recognition
accuracy, the VRT20 a&Sows Lear Saieger Dumb Termtnail process for cormparison with incoming spoken words Vocab-
users to input comnmiands or data via voice and/or keyboard. ulary templastes arm stored in an onboard random-access
thus providing aimur operator efficiency for data entry. memory ULAMI. while the processing algonthens are con-
retrieval, and log-on. tained in an onboard read-only memory (ROM) operating in

conjunction with a microprocessor When an utterance is
The VRT200 is a total hardware/soiftware system designed for recognized. a use-defined ASCII strinlg is then sent to the
easy installation without modification to existing application host.
software ANl VUtT20 logi is contaied on a single printed-
circuit board that has been specifcaly deeignd to fit the Trainable to Individual Voice Characteristics
ADM 3A an ADM S arid can be *"intled widiout s'kle" The VXtT200 is a speraker-dependent voice recognition
or special took. An ADM 3A or eqtuivalent fitted with a dvcwihrqie htec srgv apeo h1 VI 20 bord rnifiedatey ads VicOinpt ~words and phrases in the vocabulary before thie VRT200 will
already operational data entry, process control, orm e recognize the userrs voice. The process of generating these
ment informiation Usstes samples, or reference patterns, is called vocabulary training

The RT2D Jws iret mcroponeinpt va etfir a Once a reference pattern set has been built, it can be

boom-miounsted. lightweight, nose-cancelling microphone uploaded to the host computer's mass storage Later, the user
or. t te uer' opion a tblemoutedscbpsoe ~ can download the reference patterns, allowing the terminal

miropon has a usrstana five-foite o rd p one Th to recognize the same words without the need for retraining.
amvicraphoe if mor ftnred of moment roequrd usin With each VRT200, software is supplied in FORTRAN and

teVRT200 frees the operator from thes need to return to lanec uary esfr de ulaononsaain th o rtreiencd
fixed worketation to enter dasta. thwu ncreasing operator ef nctaytopromte poddwlodoeain
concr The VRT200 supports three training models: (1) normal train-

fg in which the vocabulary is cleared, then oraned a selected
RealT~m Perormncenumber of samples. (2) updating of word patterns in which

Effict. ea-iePromnethe stored reference patterns for the specified vocabulary are
Speech input is anafyzed by a 16-channel spectrm analyzer augmented by additional training, and 131 a single-word
and converted to a digital representation of the spoken input. retrai mode in which the single word will be trained the
This digital data is then convened to a fixed-size pattemn tt same number of samples as the word it is replacing
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Specifications __ __

ADM 3A and ADM 5

12 ich 130 5ndaoa P4 ph,*t Re w. bol H',nr to uppe etv t ,efo n h'A f M.i ot
whoc _on4a." .iracit $ 6 ot he. wreath ')peonai auici ,,bitahW Wi44 47c hkqh , 4 whan 21 i -m) ndrie~i c~ira hoe 1. b"" RS M3C point tu-pomnt r2W

4de Dhpiav 92?0 Jhiaaoa A0 Snerch lgelacibla non imln. unen ,,,
cha New by 24 lnes ipaca it. carnaw "ur

ADM 5-128 ASC I hialactn iPPal Ri-aire video reduced lnrensf itV -I Mwir " ornn
-w cia unruan,,rn -Mt,. Chawa -vmi v'A0o ft0. 'd inntor -om

ten ADAI 24 -64 &',A:1 cheir-te,, r-agcor -AIM 5 oi', WM bWhw
,,dw " W 7w @,tplum ptieni Kev..o..d Da7,or 8bif. Ile. laL hI op

Bon and -10f~uhM 5 -13 key, 26 Wrier aphabet

Chewo Fowe ' opper i.- rat, ourin LEtenisioia Poet:
Chanknin r athx 40145- -- 4,lot .rs.d punclusion F6.cin ~ R 232C pnn I r finaingo n&
mama ncddrri lul ? dot diniiendem .itroi Al rev, are -uto imtog lodew"

I duanei .e& a.:) 53mnaip ADM 22 hw ar - 4DMiA 3A54 kdy,
3A- 5. 7,* nwm i., 1 88-m .e 2 wrier &)phb~f te u5pper c=

7
7

vrn h~igh -nmec 0 fhirnao 4 punctuAwnr
ontroi 

T
'a aeV repeat operation

22 cha,

VRT200
Vocebullmy ft SI.,. ine... Wwoe Leungth: Se.dAwa Poteer Requkwimnta-
Matwurn 100 WisiaWO uadd o -A) "alltacoitm 11$ Vou: h09 4 H. We .anlL

PnnsApperahiawer ftesitew Thiw* Opticm,. Po.,., Reqmminne.ni.
Pmsw X~cognittlei Aciw-li 25 - N) niiulieconina where N - ac 230 Voft = 10%, 50 61 Hz

Userprorainubi SO/o :Height:
Loner Ufwwe owo": P'Oodin nocbulanr5 erence pattarn 10 5richis

125e~e I"etwsoeDneo ipkoeddonbobd I., DEC RT 11
125 macottODEC RtSX. I l Data Genen ROOS Opwud,, ng am

Miabaws Bietaw..andfte Pausiia: 5' h, 50*C f41"to 1221' , ' to 451
160 nr~ikecornda .1Miw hUrimdty with-1 condeue

-ion 10.0013kmi max aletude

_______Microphones

vWKOIO- VNMOI WMIS77:
Nome. cancell in tronphone Fato Nome cancwhlNg microphone ,Ath er Harid 6.10 Fractophona For tia in
phione. mcamnead on ajultanun head phoOe Sam ft (8O10 iecepr applbcaeora uhm rV Onful vouice

.el neludas 0N, OFF Vth for audio clud.. earphione r esrponse enrV is niot requmred Contains rottar
IrWK~s4: Aitclln elenmnt and PUSH TO

Slan-mouted icrohone(_ TALK .mich

I NTERSTATE
ELECTRONICS
CORPORATION

'in~~P B.. 1117 5M? ~AI' tW d Suite 10 LinSeie n.Chicaqs 312) 271 5250)
Anarietin CamltornmaOk FF0 uftnww CA 94010 De P tCWOebon Honatn t7 13) 7%0 2585

"1 %571 OiK4&7 15) 342 8624 714 North Bnxoldoani St~ri L-t Arqelt (213) 454-941

71AN lil '.t I4aa Chm' w Calorntii 0 Nec*i York tM4) 523 WSP
KL 91375 Reirngesn Road Sua M 714) 7741010 Jriad.i (305 869 182f,

'elea55543 & dtaunbur. ILt5315 I 10890591157 el,,55544 P lia (215) 24,515203
Sclurume (r

1
Lm 30195 44w3 *Z33i157T 6,14 San Francisco 415) R28-0941

R-Pw C"Ct 3121 43 7233Washington D C 900) 535-
.k.,shrn ., ( Aitern '114. L-nqWo (04867) )i01t~

X; a Bai4 Road 1745 ,.flruon Dants Hayv Suie
Anon- ceaiiomna W24151 Amkngen VA 22202 *iNll number alto nofti CT DL

14 1,1 7210 703) F42 1400 MA SO NJ NY FU VA x, W%,
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INTERSTATE VOICE RECOGNITION MODULE
ELECTRONICSModes VRM041 and VIRM1,02

lei 9 99%+ accuracy

9 40- and 100-word vocabularies

law * Highly accurate real-time operation

is,* Trainable for any vocabulary in any spoken
language

* Multibus form factor

e Usable with direct microphones, wireless
microphones, or via telephone

* User selectable rejection of poor input match

* One parallel and two serial ASCII input/
output ports

* User control of recognition parameters
In~etaggs sansl-bliard vok* Recogritiou mrsdule

Accurate, Low-Cost Automatic Speech Recognizer

-)e voice Rec~ogntion codule liR.m is a singie printecf- ion l, nient iit the f'akeri no~utii while discarding redundant
orir goard speechr recognizer capable of recognizing as 'eatures During -,rd raining. these patterns are used to,
1"Ans as 00) words or snort phrases. itsi easily iterfaced to derive templaites !,i each cabularv itern These templates

an exterr'ai ssstem using either parallel or serial ritentaces ire used rn zie 'rciognition orocess ltr comparison with

r erial intertaces Are ~cc seiertable to R5,32-C or '0- incomirng spoke(, words V ocabulary templates are stored in

-41 jirent loop The VRM riciudie5 ail the igic and memory an .nboardl randomr-accesrs memory tRAMi while the proc-

ecsa.to penarm training wordi recognition and the essing algorithms are ouritained in an onboard read-only
ommurircataon protocol ideperndent ot the user's mode ot memory ROM operating in conjunction with a

aperaticoh microprocessor

The VRss contains a microphone preamplifier and a The VRM nas rwo training modes V1 normal training in

preamplifier bips switch to allow direcit microphone input which the vocaoularv storage is cleared and a new vocabu-
using a ightweifijht headiset, boomn-mounted, or handl-held lary is trained by speaking -hosen words a selectable number

microphone Alternately, an audio signal may bypass the or times, and .;updating af word patterns in which the

onpoard prearnolifier. which ailoirs a remote microphone stored reterence patterns (or the specified vocabulary areIand preamplitier to be utilized without the aoss at audio sig. augmented by additional training.
nal integrity The input is AC-coupled and terminated by a

0-isilohmi resistance rhe useful audio bandwidth of the
VRM is tram 200 to -000 Hz. Excellent recagnition is attaina- The VRM automatically rejects utterances during training that
le with the reduced telephone bandwidths do not surfficiently agree with the same utterance trom pre-

vious training samples of that word. This prevenrs significant
alteration of a vocabularv reference pattern due to spurious

Highly Accurate Real-Time Operation noise bumnping the microphone, door closure, coughing,
ire r1put speech % analyzed by a th-channei spectrum speaking inconsistencies, or simply railing to utter the vocab-

uialvzer aitc onverted to a digital representation di the ulary in the specified sequence) Thus. it may be necessary to
c haractenstics or the spoken iput This digital data is then repeat an utterance before being prompted to the nest
orrieted to a rixed-size pattern that preserves the inforni sequential utterance.
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VOICE RECOGNITION CHIP
I NTERSTATE Mode VRCOO8
ELECTRONICS(dvnehfmao)
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VCm

a Lo-cs vo0ce reogito Cesgn dKo ie.revo rr-ouecnu
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Tnterstate markets the VRCIOO-1 voice recognition chip

set. This chip set sells for $3915. Basically, this set

consists of two chips to be used as building blocks for

speech recognition systems capable of recognizing as many as

100 words or short phrases. Tables 10 and 11 indicate a

diagram of a suggested setup using the VRc100-1 chip set.

The VRCIO0-I chip set nicely typifies Interstate's

approach to speech recognition, which is briefly set forth

below.

Speech input is analyzed by a 16-channel spectrum

analyzer And converted to a digital representation of the

characteristics of the spoken input. The digital data are

then converted to fixed-size templates which preserve the

information content of the spoken input while discarling

redundant features. During training, stored patterns are

used to derive templates for each word pattern. These

templates are next used in the recognition process for

comparison with incoming speech templates. Presumably,1incoming templates are correlated with stored templates for

actual word recognition. Vocabulary templates are stored in

the external ROM, while processing algorithms are contained

within the speech analyzer device.

As this report was in preparation, Interstate added

another voice recognition module to its voice input product

line. This is the VRT300, which is reported to have a 100

word vocabulary. The unit is designed to be a single

-- 51
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VOICE RECOGNITION CHIP SETI NTERSTATE Model VRC100-1ELECTRONICS

COIRPGRAION(advance informnatio)
-- -- -- -- -- -- -- -- -- -- -- -- I"lt r mximum fram -j Iiw-output impedance source.

..... T(he 00-SlA' c nSiStS iii 1 bandpass tilters each followed byI a hall-wave rectifier and as second-order low-pass filter with~ 25-Hz cutoi The monolithic 100-1A utilizes s4MOS
switched-capa tot technolorgy with &0 operational amplifiers

I ~ , to achieve the required audlio-spectrum analysis Additional-
Ty, this chip contains a lh)-,hannel analog multiplexer and
decoder which require timing signals from a single Tl. 1-MAHz
clock. The analog multiplexer is addressed via tour TTL lines
The analog output oft he 100-I A chip is ?tom a butler- amplifier This output is suitable tot a 0- ti 5-volt user-
supplied analog-to-si~iiial i onverter

The 100-1B chip is lnterst~ile 40.pin recogozer controller
This chip contains the entire algorithm tot recognition of iso-lated speech u~tterances including 1 word boundary detec -

__________tion. 12) amplitude normalization. 3i end point time torm-
pression, and (4) programmable vocabulary syntax The 100.
1B provides parallel lQ and i ontrol o? the analog multipiexer
and the analog- to-d igital converter Commands provided via* Spechrecgniton hipsetthe parallel input port are interpreted by the 100-18 chip0 Spechrecgniton hipsetRecognition and command responses are provided via the
parallel output part All data I/0 is in the form ot ASCIIa Higlgiy accurate real-time operation (99% +) characters

* 100-word vocabulary Efficient, Real-Time Performance
ipeseCh input i% MIrlVZfsd hi- J Ii)-i tvinir pee ti-rn dralvzer0 Trainable for any vocabulary in any language and converted !(i a digital representation iii the iharac.

teristics 01 the spiolen input This digital data is then (on-* Two training modes - train and update (all or verted to a tiiied-size pattern that wir-erves the intformation
partof te voabulry)content oit the spoksen inputs wnile discarding. redundantpartof te voabulry)teatures During wrird training. thi-i- padtterns aire used to* Usble ~thdiret miroponewireess derive templates fori each viiihuiarv item The templates are

9 Uabl wih drec mcrohon, wrelss then used in the ret ognitirin pro-es~s far comparison withcommunication, or telephone incoming spoken wiirds Viiiahularv templates are xtored in
the external RAM. while the prosessing algorithms are ton-* Selectable decision threshold for rejelction of tamned within the speech analyzer (liviceJ unwanted Inputs The ROM acciomiodate% c-lesen user commadnds These
include two training miodes' t normai training in which all or* Input/output port configuration for easy part oft the %peolied siicaouiarN ix cleared and then tanec a

product integration selectable number oit samples and 2i updating or word pat-terns in which the sloorit reterence patterax of the spekitiedHigh-Accuracy Voice Recognition in a Chip Set vocabularv are atugmented liv additional training.
Interstate s Model VRCI00-I voice recognition chip set con- The VRC100- I training, liffrithm autt~ricaKllyV ri'lictS

-two i hip% used as building hlocks tot speech rccigni- itti-tances durineg training !hilt to not suittioentls agree withtion svstems capable ot recognizing as many as 100 words or the same utterance from prev-ious training samples cit theshorn phrases 'see illustrationi These two integrated circuits word This prevents signilic ant alteration ot a ivocabulars,ire designated 100-1A and 100-I B n-feencei pattern caused by spurious noise bumping the
microphone door i losure. ioughingi speaking inconsisten.The t00.TA i(hip is a 2t-pin integrated circuit priividing ties, cii simpy tailing tii utter the prompted socabuiarv itemauditi-spectrum analysis over the range of intelligibility tot in such an event it mes he necessarv tci repeat an utterance,peech 200ft tot70 Hit The analog input to the 100-I1A is 5 before being prompted lii the nest sequential uftltance
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Additional krnrmands alow the VRC1LXO-1 to upload or Minimum kitwee-Word Pausai. UsWritrSelectale): 160
disnloAd reference patterns via the selected 1;0 port rhe milliseconds

ww )mAnd is used to initialize the VRC1001 chip set Minisum Word Length (User Sellectable): 80 milliseconds,
R AM and co define 1 0 mode and format, The VRC 100-1 chip Approshnat ep -as Time: (SO + ZN) miliseconds.
.et also allows control of the rejection of invalid utterances where N - active vocabulary size with a 4 MHz crystal.
-a the set reject ind read relect threshold commands

Host Commands
An asdditional commrand allows programmable control of the 1 Train
analiog-to-dligital reference voltage and preamplifier gain. 2. Update
Finally the major operational command of the VRC1M0- is 3 Reset
the recognize command. This command allows recognition 4. Set reject threshold
ot anv specified vocabulary up to 100 words. The command 5. Read reject threshold
allows recognition of both contiguous and/or random syntax 6. Download
with one or more common subvocabularies 7. Uplorad

8. Set analog-to-digital preamplifier gain
A Family of Voice Recognition Products 9. Recognize
The Model VRC100-1 chip set and other interstate. 10. Wnite parameters
developed chip sets benefit both O1EMs and end users by 11, Read parameters
enabling the design flexibility to support a wide range of
applications Interstate's family of speech recognition pro. Input/Output
ducts can be economically incorporated nto a vanety of Parallel TTL input/out, eight data input bits, eight data output
ndlustrial systems and consumer products - from large-scale bits with four control lines. All data input/output is in the
'nventorv control equipment to personal computers and lorm of ASCII characters.
tiobb. items.

MODE VR1001 SPCIFCATONSMechanical
MODE VR1001 SPCIFCATONSSpeech Preprocessor Chip: Dual in-line 28-pin package.

Performance *ecognlzeir/Controlier Chip: Dual in-line 40-pin package.
Vocabulary Sixe: Up to 100 isolated words and/or phrases.
Percenf Recognition Accuracy: 99.- percent. Electrical
Reiect Thessd: Use-selectable. Power Requirements: 100-l1A:. .1OV. -l1OV at 30OmA; 100-
Longest Utterance Duration- 1.25 second. 18: s5Vdcat24OmA.

1INTERSTATE
ELECTRIONICS

*1 Voice Products Operations
1001 E. Sali Road. P 0 Box 3117. Anaheim. California 92803

Telephone 714/6i35-7210 rWX 910-591-1197 Telex 655443 & 655419
Call toll-free: in the continental U.S. 800/854-6979: in California 800/422-4580
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plug-in board for use in the DEC VT100 terminals and similar

models. It basically transforms spoken words into ASCII

strings and transmits these strings to the host computer.

The module costs $1,295. It was announced in the July

19,1982, issue of Computerworld.

Interstate has recently expanded their product lines in

the areas of voice input and output devices substantially.

Their whole approach typifies the increasing emphasis

manufacturers are nov placing on speech products in general.

The consumer is finding new devices on the market faster

than ever before, and this trend is expected to continue to

accelerate.

NiPPM Electric C omipanz

Nippon Electric's speech recognition products may be

classified as being in the relatively higher- priced,

I systems-level product category.

Nippon Electric's DP-100 speech recognizer gained wide

attention for its ability to recognize connected speech.

Their newest recognizer, the DP-200, is generally similar to

the DP-100 but at a reduced price.

The DP-200 uses dynamic programming to match templates

obtained during training with those from incoming speech

data. One very noteworthy point about the flP-200 is, again,

its ability to recognize connected speech. It also has a

larger vocabulary than the DP-100 (150 words vs. 120 words).

W . .-



The DP-200 is approximately 1/3 the size of the DP-100. The

price of the DP-200 is approximately 20-30!1 less than that

for the DP-100, which would make it approximatelir $33,O0o.

There are several furthpr comments to make regarding

the DP-200:

1)The DP-200 will recognize dialects.

2)Minimal training is required; one pass for most

words, two for numerics.

3) The DP-200 uses dynamic programming to "warp" time

frames of incoming speech to achieve best matching of

words in the shortest time possible.

4)Optional audio response is available.

5)The DP-200 has a wider range of interfacing

capabilities than the DP-100.

A final point to mention regarding the DP-200 is that it is

a stand-alone system of a fairly compact nature, consisting

of d speech recognition terminal, a remote control terminal,

an a noise-cancelling microphone. Following is Table 12

which contains a brief description of the DP- 1 00's approach

to speech recognition, in addition to a block diagram of the

Nippon system.

Scott Instruments

Scott Instruments markets terminal or systems level

speech recognition products. Scott Tnstrumonts' voice Pntry

terminal does not come with a host computer; this points out
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TIABLE 1 :2

Ni I1 0p r) V I i I

CSR:
Compatible lluman-to-Iachine Communications

With the NEC OP-200 CSR1 fechnology errors due to word segmentation and
has at last created the deal way of incorrect matching. DP haS Provided
Cealing With Machines, using and Until now, machines could neither he technological ieap torward
controlling them The results are recognize nor process; So pe atterns necessaryv to achieve direct and
stnrong.-data entry 's as Simoieuas tfat varied both in sP~e and in contevit comnoolt humn-tomachine
Sitting down and SpeaknMg in a normal Previous linear computers were communication$
conversational tone. while a comnputer Stuniped. unable to recognize where
captures your words instantly What One word ended and the neat one
was once deemed technically monossi- began The thousandcs of vasiations The heart ot the OP 200 lieS in a series
bie is now a reality With the OP-200 contained in normal Connected Speech of nigh-speed computations utilizing
CSA. NEC's research teem has not were deemeIfd too great a taskr to be Dynamic Programming techniqueos
only produced S quality data entry logically identified and Stored by incoming speech signals from the
System but alto created the moat direct a machine. oerator'S microphone l(as analog
and etlicaloua way yet tot Man to use The NEC CSR uses Dynamic Program waveforms) pass through a spectrum
and control Machinea. Mg (OP), a time normalization method analyzer and ate immediately con-

Which hag effectively Solved these Once vorted to a digital signal The signal is
unsurmountables proofema. D)P allows !tanaterred and comparted to the ore.
incoming speech and worda Stored in programmed vocabulary reference
me~mory to become 'warped" or memory in uitra-speled comroulationS
Made non01-linear in order to achieve instantaneously, a Microprocessor in
the best Possible matching of words St a series of decisions, Classifies feCOg

the shortest time possible. By normal. nizes and converts the informhation toI ICZigteaiofbtthinuantrnmtalfomtberlyd1
reeec atrs h wrig* otCmuesfrdrc ahn
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the fact that drawing the line between systems level

products and board level products is not always a clear cut

dist inct ion.

Scott Instruments markets one basic recognizer, the

VET-2 Voice Entry Terminal. The basic system consists of

the VET-2 preprocessor, software and demonstration programs,

operations manual, and a noise-cancelling microphone.

The VET-2 is available for Apple or TPS-80 computers.

It is noted that the unit interfaces with off-the-shelf

software, or programs may be written in BASIC,

INTEGER-BASIC, APPLFSOFT-BASIC, or machine code.

The VET-2 has a 40-word basic vocabulary, with an

overlay feature to allow access to additional vocabulary

residing in disk storage. The Vet-2 claims an accuracy rate

of ()8+. A five or six training pass approach is suggested.

Scott Instruments' approach utilizes an acoustic

preprocessor to analyze the acoustic signal within a range

of 3,10-4000 Hz. Analysis consists of breaking the frequency

range down into 2 regions (300-1000 11z. and 1000-4000 Hz.),

then taking zero-crossing measures in both regions and

extracting the amplitude envelopes of the two regions. The

four resulting analog data lines are converted to digital

form at the request of the host computer.

Words for the VET-2 can be up to 1.5 sec. in 4uration,

and inp to 20 characters long. The template area for a

is0-word vocabulary requires approximately 4600 bytes of
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storage. Control software reqiires approximately 6000

bytes for a total of 10.6K memory required in tho, host

computer. Following is Table 13 with operation

specifications and key features of the VET-? which retails

for a relatively inexpensive $795. One the most difficult

areas to show comparison of recognizers is in price, for the

capabilities vary as a function of cost. Nontheless, cost is

a major consideration to most buyers.

Threshold Technology

Threshold Technology's speech recognition pro lucts are

generally geared toward the high end of the market; their

speech recognizers are characterized as systems level

products.

Threshold Technology has just started a new subsidiary,

called Auricle. Together, these two groups market three

basic lines of speech recognizers. The two Threshold

recognizers, the 580 and 680 units, are among a select few

recognizers that will accept connected speech input.

Threshold's approach uses dynamic programming, where words,

rather than combinations of phonemes, are recognized as

units. Threshold's Votrax unit uses a 16-channel bandpass

filter with a rectified compressor with proprietary

circuitry and a commercial codec.

Threshold emphasizes that its anits will accept

connected words with very short interword pauses. Threshold

calls this feature "Quiktalk". In fact, Threshold notes
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TAFBrI 1

S.ot"#- instruments

KEY FEATURES

Available on the APPLE or TRS-80

Easy to use--- interfaces with off-
the-shelf software or programs may
be written in BASIC, INTEGER-BASIC,
APPLESOFT-BASIC or MACHINE CODE

KEYVET feature allows voice to be
used in con~unction with the key-
board (Apple only)

Multiple user capabilities with no
increase in storage requirements

40-word vocabulary with overlay
feature to access additional vo-
cabularies from disk

High accuracy (98%+)

SPECIFICATIONS

Requires an Apple II or Apple II-
plus, 48K machine with at least one
disk drive, or a TRS-80 Model I
with 32K or 48K and two disk drives

SIZE: Approximately 1 " H x 8" W

x 11" D

WEIGHT: Approximately 5 lbs

POWER: Apple power supply or
TRS-80---115 VAC. 60 Hz. 15 Watts
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that it will accept words faster than iorm 11y en countered

in continuous speech (180 wpm). It is noted thAt this

feature permits data entry much faster than via kryboard

entry, with a claimed accuracy of q9%#.

Prices for units with the Quiktalk feature should be,

Threshold states, 10-20 % above those for the older 500,

600, and VIP-100 units, which can be upgraded to include

this feature. Thus, the 580 unit sells for approximately

$16,000; the 680 unit sells for approximately $13,300.

The Threshold 980 recognizer has a 60-word or phrase

vocdbulary (expandable to 340). It includeq two

noise-cancelling microphones. It produces ASCII coded output

and has a 16-character alphanumeric display for voice data

entry and verification. Also included are ready ani reject

indicators. The unit has a reject decision level

(externally set by program control). The 580 accepts

words/phrases up to two seconds in duration.

The Threshold 680 recognizer features a S0-word or

phrase vocabulary, and also produces ASCIT coded output. Tt

permits local ta pe cartridge storage of. user speech

patterns, training prompts, and output messages. The 6R0

includes a CPT display terminal for operator prompting,

eliting, and verification. The unit is current loop output

compatible from 50 Baud to 19.2 Baud. The 680 has optional

wireless radio input. It accepts words or phrases up to two

seconis in duration, like the 580. Finally, for a quick
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comparison of features of the 580/680 recognizers, Table 14

,ives a short listing of comparative specifications.

Threshold 580/680 units appear to utilize proprietary

filter algorithms which statistically match digitized input

speech Jata with stored templates. Threshold states that

its Quiktalk feature consists of recognizing strings of

words as units, rather than recognizing individual words.

This permits detection of the shortest possible pauses

tetween words. Thus both of these units nearly attain the

long-sought goal of continuous speech recognition.

Further specifications are given in Tables 15 and 16

for the Threshold 580 and 680 recognizers.

The Auricle-I is designed to be a lower cost

recognizer, with a vocdbulary of 80 words or short phrases.

It includes LST circuitry, boasts an accuracy rate over 99%,

and includes a settable reject level. One purpose of the

Auricle-T is to function as a benchtop development system

which will help familiarize designers with speech

recognition and help them decide if such an approach is

suitable for their end products. The Auricle-I costs

$2,500. Also under development is a board-level product, the

Auricle-TI, which is a speech recognizer card.

The Auricle-I uses a 16-channel bandpass filter and a

rectifier/compressor that consists of proprietary circuitry

and a commercial codec. The Auricle's host Z-80 correlates

input templates with stored templates to determine matct"es.
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TABLE 1 4

ThrL, shold T'--,hholoqy 580/680 Recoqrnizers

- COMPARATIVE FEATURES OF BOTH SYSTEMS ARE SHOWN BELOW

ThRESHOLD 6SO THRESHOLD 580

Operating speeds
l 99% accuracy) 180 words/minute 180 words/minute

Vocabulary 40 words expandable bO words expandable
to 2S0 words to 370 words

Display CRT 16-character
alphanumeric

Speaker Training Stored in local Stored in host
Data tape cassette computer

Output Code for User programmable Unique ASCII code
Each Utterance character or string

of characters; stored
on local tape

, cassette

Vocabulary Display User programmable; Controlled by host
kiessage for ste'red on local tape computer
Operator Prompting ca'sette

Electrical Standard RS232C or Standard RS232C or
Interface current loop; serial current loot, serial

asynchronous ASCII asynchronous \SCII

Software Compat- Fully compatible and Requirus special host
ibility with no special software computer software to
Standard Teletype required handle communications
Terminal protocol

XRev. 3-14-80)
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Specifications
Power Requiter ..s 110/220 VAC single phase; 50/60 Hr 125 Watts

(with standcard-featuvs)
Opcratn Taispentur 10 ta 40*C (50 to 104*F)
Non-Opes-ating Temperature -40 to 66*C (-40 to IS 0 F1)

H4umiditv 10 to 9011%, nonacondensing
Dimensions. in (cm)

Process.or 17.75 x 5.25 x 26.00 (45.0 x 13.3 xt 66.0)
Display 11.00 xt 4.75 x 13.75 (27.91 x 12.0 x 34.9)

1Locall Operator Consolc 10.00 xt 5.00x 4.00 (25.4 x 12.7 xt 10.2)
Weight., lb-(k) SO0(23)

SPft~1,t~ci34M1 &ab)to 10 dant Witho~tnifot"~

mands or receiving messages or requests for operator when the system is ready to
input verification, receive speech and when it does not

The Threshold 500/580 terminals feature understand the input speech (REJECT in-
Threshold's exclusive QUIKTALK'- - the dicator optionally audible)
closest yet to connected-word or continuous -Reject decision level can be externally set
speech recognition. QUIKTA LK more than by program control
doubles she rate at which operators may Structuring (vocabulary subset
communicate with their computers by per- selection) can be externally set by
misting pauses between words to be shorter program control
than required with ordinary isolated word Remote voice input control
ecognition systems. As an entry rate of 180 Training mofde and speaker identification

words per minute, operators have con- selector
sistently achieved better than 9947e accuracy. .RAM semiconductor memory optionally

Model 500 typically provides data entry expandable to 340 word vocabulary
rates up to 120 words or phrases per minute. .Optional wireless radio input
Where higher processing speeds are reC- - Optional rack-mount or desk top :on-
quired. Model 580 offers a typical input rate Figuration
of 180 words or phrases per minute. .Accepts words or phrases up to two

- Jt:r2s comncto ,seconds in length
Hands-tree operation All Threshold Voice Data Entry Systems60 word or phrase vocabulary, optionally carry a 90-day warranty for parts and labor.

expandable to 340 words or phrases
Two lighP.tweight, noise-cancelling, head-
band microphones

-ASCII coded output
-EIA-RS232-C, CCITT-V24 or 2OmA cur- 0

rent loop teleprinter output compatible
from 5O baud to 19.2K baud W w

-16-character alphanumeric display for the daia entry company that has people talking
voice data entry and verification 1829 Unde~cood Blvd De ran New~ lersey 08075

-READY and REJECT indicators to show (b09 461 9200

Coveited by patenu in the U S.A. and foreign countries Pr,, d in 1) A *691
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Specifications

PowerRequirenenis 110/220 VAC single: pbtse; 50/60 Hr, 125 Waus
(with standard feature)

operating Temperanrm 10 to 40*C (50 to 104*F)

Non-opealmng Teiperature -40 to 660C (-40 to 1500F)

Humidity 10 to 90%, non-condlensing

Dimensions, in (cm)
Processor 17.75 X 5.25 x 26.00 (45 0 x 13.3 x 66.0)

Display 15.00z 14.00 x 13.50 (38.1 x 35.6 x 34.6)

Keyboard 17.001 2.75 x 7.50 (43.2 x 68.0 x 18.7)
Tape Unit 8.25 x 12.75 x 16.Z5 (20.9 x 32.4 x 41.3)

Weight, lb (kg&) 62(28)

Spwkaim isutea to chtfan itht' notice.

teractive. operators can enter into true two- speeh patterns, training prompts and
way communication with their computer, output messages
whether entering data. giving spoken corn-- Two cartridge tapes
mands or receiving prompts or requests for -CRT display terminal for operator
input venification. prompting, editing and verification

rhreshold 600/680 terminals feature Two lightweight, noise-cancelling, head-
Threshold's exclusive QIKTALK'- - the band microphones
Josest vet to corneted-word or continuous -ASCII coded output

speech recognw-i QUIKTALK more thin EIA-RS232-C, CCITT-V24 or 2Om.A cur-
doubles the rattc it which operators may rent loop teleprinter output compatible
,:omruni, a with their computers by per- from 50 baud to 19.2K baud
mitting pauses between words to be shorter Host processor vocabulary subset selec-
than those required with ordinary isolated tion and control
word rtognition systems. At an entry rate -Optional wireless radio input

,,! : 0%ords per minute. opei ators have Optional rack-mount or desk top con-
-.ostentis' achieved better than 991ro figuration

aCcuracy -Accepts words or phrases up to two
Model 600 typically provides data entry seconds in length

j rates tup to 120 words or phrases pe min-ite.
Where higher processing speeds are re-
4uired. Model 680 offers a typical input rate All Threshold Voice Data Entry Systems
)t 180 words or phrases per minute. carry a 90-day warranty' for parts and labor.

,)i : : r- -

-Fully interactive communication
-Hands-free operation 0
L Lrser -programnmable vocabulary selection 6

- ocal editing and control 1
- 0 word or phrase vocabulary, optionally the daia entry tomngans' that has people talking
expandable to 250 words or phrases 1829 Urdroi 8lvdi tOelan New fersev 018075

-Local tape cartige storage of user (A191ii461 9200

coviered tby patentt in the U S4 A d torein counintri * Pited in U S.4 A 6111
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The Auricle-I has a 40-word vocabulary; this vocabulary can

he enlarged by using a host computer':; memory to store

templates.

The Auricle-I requires three-pass training for

vocabulary items. The unit limits vocabulary to a very low

number of highly differentiated responses, so it is possible

to program in templates with a wide variety of

pronunciations. Response time for the Auricle-I is listed

at 350 msec. for a wori of less than 1.2 seconds in

duration. It is noted that the Auricle-I is a completely

stand-alone system with its own power supply and

noise-cancelling microphone. The unit sells for $2,480.

Further information on Auricle-I is given in Table 17.

'Vt rbe x

Verbex speech recognition products fall into the high

end systems level catejory.

J Verbex is one of the oldest manufacturers of speech

- ( recoginizers, and has been a pioneer in the area of

speaker-independent speech recognition technology.

Currently, Verbex markets two spt ch recognizers. The

Verbex Molel 1800 is an isolated word, speaker-independent

.;ieech recognizer (multi-user). The 1800 comes with a

rocognition vocabulary consisting of the 10 digits, "zero"

throulh "nine", plus "yes/no". This vocabulary can be

exj'ar.14d to 90 words. The 1800 includes voice response (32
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Feetire Speclficatlo
* Self contained. Electrical:
Auricle-I comes comilete with power supply, noise- Supply requirements - 115VAC/60HZ (or 230VAC/5OHz)
cancelling microphone and all necessary connectors. Power consumption - 9 Watts

Microphone input Impedance - 510 ohms
Easy to interface: Output - RS-232-C compatible serial ASCII code;

through a 0825 connector Baud rate selectable from 300 Baud to 19.2 Kilobaud

* Easy to train: Speech:
To t srin Vocabulary size - 80 words, expandable
To enter a word into Auncle-I's vocabulary. the User need Maximum utterance - 1.2 seconds duration
only say it three times. Response time - less than 300 ms.

* Easy to use: Accuracy - 99%
Auricle-i's front panel has large controls and indicators Environmental:
that are visible and accessible from a wide angle. Operating temperature range - 0-50-C
* Large vocabulary: Relative humidity - 10%-90%, non-condensing

80 words or short phraee Dimensions:

9 High freedom from error Height - 3 inches
Advanced LSI circuitry makes the Auricle-I more than 99% Width - 12 inches
accurate. Depth - 13 inches

a Setiable rejection level: Weight - 4 lbs

The user can define the decision threshold at which Warranty:
Auncle-I diffeientlatM similar words. Against defects in material and workmanship for 90 day,

• Easy to develop: Pilee
Auricle-I has an internal "monitor" programn that provides Please contact Auricle or authorized representative for
the user with a simple method to evaluate different appli- price and delivery information.
cations and vocabularies.

* Optional IEEE-488 Bus interface

/J

AuriCle. inc.. A Subsidiary of Threshold Tect nology Inc.
20823 Stevens Crek Blvd., Cupertino, CA 9014,
(4081 257-9830

* ZIURCIE
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words or 16 seconds of speech) ; this can he expanded up to

512 words or 256 seconds of audio response. Roth the

recognition and response vocabularies can be customized as

required for individual applications. The 1800 can als be

used over the telephone. Table 19 indicates the Verbex Model

1800's basic specifications.

The second speech recognizer marketed by Verbex is the

Verbex Model 1800-CSPS. This unit is speaker-dependent and

handles continuous speech input. The unit also has

single-channel entry microphone input; it is basically

designed for high accuracy digit entry, plus 10 isolated

command words. We wish to point out the further possibility

of using the Verbex Model 1800 recognizer to spot keywords

in incoming Coast Guard radio transmissions. Tlis unit is

designed to accept isolated words as input, but this ray be

sufficient for the Coast Guard's needs. That is, we suspect

that keywords, such as "mayday," may actually be pronounced

slowly enough for the Verbex unit to recognize these with

high accuracy. One unknown in this area concerns how the

Verbex unit might genera+e "fa lse alarms" for connected

speech input, from which relatively "isolated]" keywords

wouild have to be separated by the recognition unit.

Voicetek

Voicetek's product line of speech recognition products

may be categorized as board level. With their relatively
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inexpensive board level recognizers, Voicetek is seeking the

home computer, hobbyist market.

Voicetek markets a line of inexpensive voice

input/output devices for small computer systems. Voicetek

notes that they have been able to achieve inexpensive prices

for their voice I/O devices due to their having successfully

compressed required electronics onto a single integrated

circuit chip. Following is a list of major features

re;rding Voicetek's voice I/O devices, which are called

Cognivox units:

1)rnlike speech recognizers that employ frequency

domain (filter bank) analysis, Cognivox units operate

on the time-domain signal. This allows for high

performance at low cost. Cognivox units also use a

new an d exclusive nonlinear pattern matching

algorithm to enhance performance. Voicetek

technology does involve the use of Fast Fourier

Transforms (FFT), but details are not available in

this area.

2)Voicetek units have been given a 50 hour burn-in or

testing period.

3)A Cognivox unit is priced lower than either a

comparable speech recognizer or a voice-response

unit, yet it combines both features.

4 )A Cognivox unit features easy training, with the user

repeating the desired vocabulary three times at the

rrompting of the host computer.
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Voicetek's speetch products are basically divided into three

lines:

1)VIO-l000 series of voice T/O peripherals. These arp

priced at $249 and are for Rockwell AIm-65, P T/C nM

16K or 32K, or Apple IT computers. This is the

top-of-the-line Voicetek unit.

2)VIO-XXX series of voice I/O peripherals. These are

priced at $149 and are for economical voice I/O

applications that do not require high fidelity speech

output. The VIO-XXX is suitable for Exidy's

Sorcerer, Z-10 based systems, TPS-80, LII, 16K, anH

PET/ CRM, 16K or 32K computers.

3) SR-100A and Sf-101P units. These are speech

recognition peripherals for the AIM-69 (4K) as well

as the PET/C9M (SK, 16K, and 32K) computers.

Finally, note that Voicetek software is written in RASIC on

cassette. It has filtering routines, including FFT. The

following Table 19 summarizes major Voicetek features.

Votan

Votan manufactures both systems and board level

recognition products.

Votan has a very interesting approach to voice I/O,

which consists of a reversible algorithm that works for both

voice input and voice output.' Their top-of-the-line model

1Voice output is dn imminent enhancement.
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TABLE I')

VOICETEK COGN IVOX

1. Speech input and output combined in one unit.

COGNIVOX Is the only unit in the market that allows both speech input
and output. Our experience with COGNIVOX and customer feedback
indicates that this is the way to go in speech peripherals.

2. Extei-sive applications software and support.
This is the area of crucial importance since, for most users, the
utility of a given system is directly proportional to the available
applications software. Recognizing this reality, VOICETEK, has a
strong commitment to seek out and develop applications for speech I/O.
We currently offer two sophisticated speech-operated video games, as
well as utilities such as a talking calculator, vocal memory dump, etc.
We are also working on a series of application articles to be published

in the major microcomputing magazines, such as BYTE, Kilobaud and
Creative Computing. Applications include speech-operated instruments,
voice-controlled machines and toys, talking appliances that res dri to
spoken commands, and so on.

3. State-of-the-art design.
Unlike other speech recognizers that employ frequency domain analysis,
COGNIVOX, operatcs on the time-domain signal. This novel and unique
approach allows for high performance at low cost. In addition, COGNI-
VOX tmplovs a n,'w and exclusive non-linear pattern matching alogrithm
that significantly enhances its performance.

4. Quality hardware.

The COGNIVOX hardware is carefully designed and assembled. It is
tested after assembly and again after a 50-hour hum-in period to insure
long and troub,-free life. The COGNIVOX hardware is enclosed in a

beautiful injLction-molded instrument case, giving it an elegant appea
appearance.

5. Affordable price.
COGNIVOX is priced lower than either a comparable speech recognizer or
a voice-response unit, yet it combines both features. The low price is
made possible by innovative design and by our conviction that voice 1/0
must be priced right before it gains the wide appeal it deserves.

0. Easy Training.
Today's technology allows only speaker-dependent recognizers, meaning
that the recognizer must be trained to the voice of the individual user.
In the case of COGNIVOX, this training is very easy and can be done
quickly, as the user must repeat the vocabulary three times at the
prompting of the computer. Training the voice response portion is also
very simple, requiring that the user pronounce the voice response

vocabulary only once.
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is the Votan V1000. The VIO00 is a stand-alone developmnt

system designed to enable product planners to evaluate the

use of Votan's speech technology in proposed or existing

products or systems. This is an increasingly popular

approach with voice I/O device manufacturers in general.

The Vi000 sells for $5,000. Votan also markets the V2000,

which is an industrial control module, with training and

display functions carried out by the host software. rt has

a list price of $4,400. Finally, Votan markets thp V300

which is an O.E.M. circuit board, at a cost of $3,000.

The Vi000 is a stand-alone device. It will accept

words or phrases up to two seconds maximum duration. It has

a capacity of up to 100 seconds word storage (approximately

160 words sinqle-trained or 80 words doublc-trained). The

V1010 will operate under very high noise conditions (up to

85dB of background noisel.

Votan uses an analog-to-digital converter to transform

incoming speech data into a digital representation. A

proprietary algorithm then processes the speech signal into

its frequency components. Following the spectral

transformation, dynamic programming warps spectral templates

for comparison with reference templates. The spectral

processing algorithm is reversable. This means that it

should be able to accommodate speech synthesis as well as

speech recognition.
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Votan's synthesis chip provides user programmability,

which is lacking in other LPC-basfd synthesis chips. Thus

Votan's chip should be user-trainable in the field for easy

accommodation of new vocabulary for synthesis. This

approach should also allow new flexibility in speech

selection for synthesis; previous LPC synthesizers have had

to be reprogrammed in the laboratory. Votan promises

significant future enhancements to their system. Following

is Table 20, listing these enhancements, plus the general

operating specifications of the V 1000.

t
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Vota~n V1000

FUTURE ENHANCEMENTS SPECIFICATIONS
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CHAPTER 9

OVERVIEW OF SPEECH SYNTHESIS PRODICTS AND TECHNOLO,Y

This chapter contains a brief re vicw of currently

available speech synthesis technology, plus a statement of

Coast ruard operational rejuirements in this area. Three

cdtegaries of subject matter discussed below are: 1) price

ranges of speech synthesizers, 2) different product levels,

and 3) Coast 'uard operational requirements related to

speech synthesis technology.

1) Price ranges of speech synthpsizers. Speech

synthesis products vary widely in price. For example, we

note that Centigram's complete voice development system

(model 6700) costs approximately $29,500. On the other end

of the scale, we note various board and chip level products

costing several hundred dollars, or less. Obviously, speech

synthesizers vary widely in performance as a function of

price. This report details the various advantages and

disadvantages of each of the speech synthesis products

reviewed, so that price value can be determined for any

systems of potential interest to the Coast Guard.

2) Different product levels. This report notes that

speech synthesis products are in three basic categories: LSI

chip-level products, printed circuit board products, and

completp :;ynthesis systems.

57 - 75 -
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LSI chip level products generally come with no control

software and must be integrated into circuit boards before

they can be used. This report cautions against using such

products without being fully aware of the engineering ani

developmental costs which accompany such speech

synthesizers.

Printed circuit board products are designed to plug into

the interface units of existing host computers (RS212-C or

parallel interfaces). Board-level synthesizers are

generally easy to integrate into existing host computers.

Elaborate software is jenerally not required, as

synthesizers of this type generally operate under ASCII

input, from a host terminal.

Complete speech synthesis systems are the most

functional. For example, the Centigram 6700 Voiceware

Development System is in this category. It comes complete

with a host computer, CRT terminal, digitizer, ani

Centigram's Lisa synthesizer. This type of system requires

nothing more than being plugged into a wall socket foz

operation. Such a system is very easy to operate, though it

tends to be relatively expensive.

3) Coast Guard operational requirements related to

speech synthesis technology. Overall the operational

rejuirements for Coast Guard broadcasts are for a

synithesizer with an essentially unlimited vocabulary. This

would allow for broadcasting vessel names, geographical
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store, coef ficient val ue. s obt ainod from real s peech.

'econ l, there are the rule synthesizers, which model spcech

,tjon various parameters, combinations of which are used for

i-tual !;ynthesis. Finally, there are the synthesizers which

r.!ly .pol direct digitization ant! playback of real speech.

For readers unfamilidr with linear prediction coding or

L?c" iralysis, reference is made to Markel, gray, and Wakita

( I 73). In this SCRL Monograph, the authors detail LPC

a:-, ysis which involves prelicting data from past lata

:I "Cles. Such an a pproach is intimately related tn multiple

r. I-fssion and to setting up lioital filtPr coefficients

which di1 low for an economical (in terms of bit r it)

rtepresentdtion of speech data. LPC analysis is commonly

u:;el in andlySis .ynthezis.

As with speech recognition produ'ts, speech synthesis

tr1u :Ats may he broadly divide] into three general product
clas:;i fications: syst em'; level products, board level

I r p oroducts, and chip level prod tict;. Thf, systems level

prolucts are generally characterizable by including a host

computer and consisting of stand alone terminals which

synthesize speech.

SCRL received information from the following twelve

inan ufacturers of speech synthesizers: 1) Centi gram, 2)genera I

Instruments, 1)Interstate Electronics, 4) Kurzweil Computer

Frolucts, 5) Maryland Computer Services, 6) Mimic, 7) MSC,

A) National Semiconductor, 1) Percom Data Co., 10) Telesensory

Speech Systems, 11) Texas I nstrlimfnts, and 12) Votr ay.
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Centigram's Lisa synthesizer is in the category of

board-level products, as it is designed to connect to an

existing computer interface.

Centigram has recently introduced their Lisa speech

synthesizer which uses parametric waveform coding intervals

of 50 msec. This unit features a low bit rate and connects

to an RS232-C interface. The Lisa has memory storage for

30-120 seconds of storel speech data.

Centigram notes that their parametric waveform coding

allows the user to reprogram the unit in the field, so that

new ,utterances may be immediately stored for playback. This

circumvents the problem encountered by most available

synthesizers, which require reprogramming for synthesis of

additional speech data at the manufacturer's base of

operation. Table 21 indicates the specifications for the

Lisa synthesizer which sells for $3,450.

The price is very reasonable considering the fact that

the unit may be reprogrammed in the field to synthesize any

desired utterance. Centigram emphasizes the high-quality

voice output of the synthesizer.

Centiigam also markets a large voiceware development

:y:.tem for $2n,500 (model 6700). This system includes a

digitizer, Lisa synthesizer, microcomputer, disk, floppy

Ii;k, and required software.

71 7



'TABLE 21

Cent i qram' s Lisd Potiimet ri Wiveform Cr.ianq Syn0hesz.r

Speech File Generation .Lo tm ls-cmcZtr.i
0 Self-tet and host-iven diagnostics

Users can ene afm v°oe outspu fiks for LISA in any one of 00 3 bt storage per second of speech
%wey, 0 Variable output format Up to 4,800 lbiti per second

0 Load de Cenoigram Standad Vowe Libray to a disk file 0 Internal buffer provides 30 to 120 seconds of vanrable
and then, from the application program. transfer the (RAM) or fixed (EPROM) local memoryrecord to tb : LISA Iufet.

s SthtLaAd external interfas.-S-2-2-C for host compu-

*Send dse destred scrip to Centigrans. Centigram will pr- te an temai comiaons
pt a custom library. using professional speakers. and re.
rum dte vocabulary bit scrum on a diskette or tape. As an • Telecommunications rates from 1 10 to I 9 .200 baud
altmnave, vocabulary can be itrsifuruttld to the user site * Asynchronous format Using ASCII and EBCDIC datm
from a VoiceWaM elopment System locat a Centi-
gran Corporatioe.

U a Centigram VoiceWae Development System t A o C i
aic individual voice libraries. The system digitzes and AboutCentigram
compreses voice, and has flexible editing capabilitiea.
The system then will create files for downline loading on Centigram Corporation is the total solutions company in
your computer system. the field of digital voii.e techrlogy for computers and com-

munications Cent-gram", stateof-the-anr products coverFeatu e th ful spetru 4" mainnsih= communication -,SA-
Falks (voice oust, M IKE" hsens ,voie inand VOPAC -
comnia~test¢ voice tralnsmission). The Centigram

• Interposed between host and termnnal to provide concur- VoiceWare' Development Sitern includes and supports all
rent CRT and vowe operation these products

-----------------------------------------------------------

S
ESpc fi ... isa TM"I

A Speechr

sNT E

,eth I I !(~m sta~pae~rnc

RS~ 165 to ( 1 KBZ

L _E
Specifications
Width: 12. 5" 1 31 8 cm) Audio Output2 AmplifierI

Dept: 11 4' (29 cm) 4". speaker
External Speaker Ctmnetor

Power Requirments: I 0/240 VAC wa'm -Iya

:.50/ 112; mA (30 W I

cent i nM.ncorp.
155A Motfect Park Drive, Sunnyvale. CA 940 4b

telephone 1408)734-3122
telex 17-QQ4 SPEECH SUVL
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-,eneral inst ruments
eneral Instruments' speech synthesis products are

geared toward the chip level market. Again, this product

classification involves sales to original equipment

manufacturers who wish to use speech synthesis in existing

products under development. General Instruments' basic

approach to speech synthesis supportf. phoneme synthesis,

even though it is an analysis synthesis approach.

General Tnstruments' basic LSI chip synthesizer is

designated the SP0250. This chip contains circuitry for a

6-stage, cascaded 12-pole programmatle filter designed to

emulate the human vocal tract. The unit features simple

interfacing with any 8-tit microcomputer and a standard ROM

to form a complete speech system. The SP0250 chip is also

use1 in General Instruments' stand alone speech

synthesizers. First, the SP0250 is available with a 16K ROM

and controller technology on a single chip, as the SP0256.

Or, it is available with a 12K ROM and controller technology

on a single chip as the SP0232 (for future release). Table

22 describes leneral Tnstruments' approach to speech

synthesis, plus their speech processors and speech ROMs.

.eneral Tnstruments markets several speech interface

chips, plus a complete speech synthesis module. Their

speech synthesis module VSM2032 combines the SP0250

synthesizer chip, a PIX1650A microcomputer (for formatting
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Speech Synthesis
At apionew rvn speech synthesis. General ROMs (SPRO10. SPR032 or SPR128) Or use the
Inetrumnl: hase developed a growing family of SPRODO to intertace with other standard memories
speech products capable of modeling tihe human The SP02SO can aso be easily interfaced to Micro-
voomi tract, computer/Microprocessor based systems. directly

me S0~5&& stn-aone peecs ~of through FIFO chips (SP0512 or SP8,84) Appli-
caae ofM protduci n e o sechondso , toa Cations Cover the entire spectrumn trom tow-cost
speche of rodcn 4 o0 second il of rnaicsehtralt high-volume single chip products to high-quality
internal ROMai. Uslig exiternial ROM,. the chip canr o-ouepodcs nalmakte'~t
be expanded to address up to 491 K bits of mom. Fer to the table for other design options available
ory direcly-up to 610 second* of natural speech, froin General instrument including speech synthes-
and up to 3388 sequences of words or phrases. izers, and an off-the-Shelf module ready to talk with
It's easy to expand the vocabular'y of the SPo2S8. the addition of a power source end speaker.
You can choose one or more of our serial speech

SPEECH PROCESSORS ________
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speech data), and an RO-3-9313 ROi (for storing sp.eech

data). The unit is all contained on one Urinted circuit

board and is designed to function as a speech synthesis

evaluation molule, with built-in filter, amplifier, on-board

calculator, and clock vocabulary of 32 words and syllables

which can be concatenated. The vocabulary can be modifiei

by using custom ROMs or EPROMs. Table 23 lists the

specificaticns for General Instruments' speech interface

chips and speech synthesis module.

Interstate Electronics

Interstate's speech synthesis products are in the board

level product classification.

In the preceding chapter of this report, it was noted

that Interstate is a major manufacturer of speech

recogniticn prodticts. In this section of the report, we

will only mention the characteristics of their VTM150 voice

response module.

The VTM150 is a single printed-circuit board capable of

phoneme synthesis (rule synthesis) of isolated or connected

speech. The board provides a standard fixed vocabulary of

approximately 500 words, and a user-programmable vocabulary

of approximately 1000 words. The following two tables, 24

and 25, describe specifications of the Interstate VTMIS0

voice response module.
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1n z-s ie VTM] 50 Vol,'o Rcspoir - Module

INTERSTATE VOICE RESPONSE MODULE
ELECTRONICS
CORPORATO MOM VTM150

9 Single-board voice response system

0 500-word fixed vocabulary

0 1000-word user programmable vocabulary

* High-quality synthetic speech

*s Multibusm parallel interface

ports

0 2-watt output to external speaker

0 Vocabulary generation, editing, and playback
Insmtssws sille4soard Voice Respoise Module commands

Single-Board Voice Response
The VTM15O ;s a single printed-circuit board capable ot 1OK-bytes ot static RAM tor programmable vocabulary and
pnonemic ,vnthesis or isolated or connected speech with a word number index tile, a parallel output port with speech
low data rate from a controlling host processor. The board synthesizer integrated circuit and power amplifier, a host
provides a standard fixed vocabulary of approximately 500 senal and parallel port, and a Multibus interface.
words and a user programmable vocabulary of approximately
1000 words User configuration control is provided via eight control lines

to the parallel 1/0 port shared by the speech synthesizer.
The VTM15O is controlled via 12 commands four commands Two of these lines select the user's mode of communication
or various playoack functions with and without editing, four to the host; three select the senal word format; two select

commands to control downloading with and without editing, the parallel handshaking options: and one selects the ter-
one command to allow uploading all or specific vocabulary mination character Configuration control may be accom-
item, and three utilitvisystem control commands. plished by either external TTL logic levels or directly by

onboard switches
'voice Response Module VTM150 contains a serial and a

paraliel port for host communication via ASCII characters and
a ,%ultibus'" parallel intertace also controlled via ASCII
characters Each of the 64 phonemes and 4 intlection levels VTMISO SPECIFICATIONS
for each pnoneme are sent from the host to the VTM150 as
two ASCII characters to generate the user defined program- Performance
mraOrle vcaoularv Any vocabulary items in the fixed or pro- Vocabulary Size: Approximately 500 words, fixed: 1000
grammable memory may be randomly selected and output words, user programmable.
to a ihstener via an ASCII word number.

Host Commands
The VTM1S0 detivers 2 watts or audio output into a 16-ohm Host Commands
speaker Playback Commands:

Pt - Playback word or words. including repeat and delay

User Configuration Control features
PA - Append and playback

The VTMISO board contains a microprocessor. 4K-bytes of PI - Insert and playback
program EPROM. 4K-bytes ot EPROM or fixed vocabulary. PM - Modify and playback

58
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Inters dt e V'rM] 5i! Voa :e Responsc MN(I ul. Finw hor'

Edht/lrgrameable Vocabulary Commandsi Audio Output
A - Append (inSert phoneme stnng) 2 watts into a 16-ohm speaker with onboard audio level
I - Insert (insert phoneme stnng at specified word) adjustment
0 - Delete (by word or words)
M - Modify (delete and insert new stnng and re-sequence) Mechanical

Card Size: 6.75 x 12.0 x 0.062 inches (standard Intel
Save and Utilty Commands: Multibus card sizei
S - Save/upload
+4 - Clea, entire programmable vocabulary' Connector
F - Free (displays available RAM and last word number)
8 - Bit set for intercom control via parallel 1/0 Powl: "-,0.156-mch spacing, Viking VH43/1AN or

equivalent.

J - Control key
Signals: 60-pin, 0.100-inch spacing AMP PE5 14559

Digital Input/Output connector.

9 Paraliel TTL input/output - 8 data input, 8 data output, Electrical
and 4 control.

Power lequremneeti: 590 mA at + 5 Vdc; 100 mA at 12

* Asynchronous se ral. RS232-C or current loop, 50 to Vdc; 110 mA at -12 Vdc.

19.200 baud (switch selectable).

* Multilbtus parallel data transfer - B bidirectional data Temperatume: 0 to 500C.
lines, 5 additional interface lines, and 4 Multibus
communication lines. Multibus1  is a trademark of the Intel Corporation.
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Illck Diagram of Voice Itasonae Module VTMISO

INTERSTATE
ELECTRONICS
CORPORAKTION

Voice Products Operations
1001 E. Ball Road. P0 Box 3117. Anaheim, California 92803

Telephone 714/635-7210 TWX 910-591-1197 Telex 655443 & 655419

Call toll-free: in the continental US 800/854-6979: in California 800/422-4580
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Kurzwe1 C.o1 uter Products

K ur zweil Computer Products manuf actures speech

synthesis products which may be characterized as systems

level products.

Kurzweil also manufactures products for the blind which

include speech synthesis. In particular, note their

Kurzweil Reading Machine Model TTI. Table 26 gives a short

description of the unit.

Speech synthesis as an aid to the blind has been one of

the earliest appl ica tions in mind for voice or speech

generation devices. Kurzweil has been one of the leaders in

considering the needs of the blind.

MabelAnd Computer Services

Maryland Computer Services produces speech synthesis

terminals, designed to interface to an existing computer

system. Thus, their products are between purely board level

prolucts and total systems level products, which generally

include a host computer.

liaryland Computer Services does not actually

ma nu facture speech synthesizers, but includes existing

levices in their products which are basically oriented

toward the blind. One of their products is the Total Talk

computer terminal, which lists for $5, g5. This unit uses a

4Votrax VSB synthesizer board which is a phoneme or rule

synthesizer with 64 phonemes. Tt has a list of

approximately 400 pronunciation rules.

- R7 -
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SPEECH OUTPUT TERMINAL CAPABILITY ADDED TO
KURZWEIL READING MACHINE

The Kurzweil Reading Machine Model III now incorporates a Speech Output
System that allows the Reading Machine to function as a full-word speech out-
put device when connected to a suitable computer or computer termLinal. This
system permits the Reading Machine to be used as a receive-only terminal.
analogous to a computer terminal. Althouoh the Speech Output System does not
entirely replace standard send-and-receive computer terminals, it can be used
in con3unction with most ordinary terminals to produce speech output in place
of print-outs.

The Speech Output System will accept ASCII Text presented through an Rs-232
interface which is located at the rear of the Electronic Control Unit of the
Reading Machine. The ASCII Text is stored in a 2000 character buffer, converted
to phonemes and synthetically spoken. A complete set of keyboard instructions
allows the user to back up in memory, repeat preiously spoken lines or words,
spell words and analyze punctuation.

The complete Speech Output System is contained in the digital cassette
which also contains the standard Reading Machine System. The Reading Machine

may be converted into a Speech Output System by means of a special commuand at
the keyboard. While the RS-232 port is set to operate at 4800 Baud, the
company will modify it on request to accept any Baud rate from 50 to 19200.

This computer voice output capability should open up new vocational possi-
bilities for, rhe visually handicapped in such places as data processing depart-
ments, finuncial institutions, reservations offices, and customer service depart-
ments, in which the ability to read such computer information is a must. It
will also greatly facilitate research efforts of blind students, scientists, lawyers,
and other professional who need access to computer information.

- 88 -
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The terminal can switch from full words to spelled

;Peech, and includes an adjustable speech rate, pitch, tone,

and volume controls. "he terminal can be set to

aitomat ically speak information going to or from the

t(-rminal. The unit also includes a speaking cursor key.

Following is Table 27 which lists the Total Talk's

specif ications.

.aryland computer Services also manufactures a number

)t other systems for usa by the blind which incorporate

speech synthesis. These include a talking telephone

lirectory, a tdlking information management system, an

aitomatic form writer, a talking word processing system, and

'A Llkinq CPT terminal. These products illustrate the

increasin1 use of speech synthesis in commercial products,

in an application where it is of special benefit to blind

u se r s.

M i i ~

; (tMi ic is a manufacturer of board level speech synthesis

'A products.

'The Mimic speech processor is designed to synthesize

-;peech on smaller computer systems, such as the TRS-RO,

ApplIr II, Rp-95, etc. The unit consists of a board which

di'itizes speech into a bit stream which can be sampled by a

computer, stored, and played back. The unit consists of an

4 1,1 Lo J-to- d i'ita 1 converter and a digita l-to-analog
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TOTAL TALK Fl

RESOLUTION PAINT i -

SPEEC OFFPI1 fCH CONTROL

EARPHONE JACK _______TONE CONTROL

SPEECH RATE VOLUME CONTROL
CONTROL

EMBEDDED
8 CURSOR -NUMERIC PAD

CONTROL KEYS

CURSOR

STANDARD ASCII _ ___LOCATOR KEY

Specifications TOTAL TALK easily connects to most cumoute sys-

tems either directly or over a *,eleohone mie. The

Baud Rates - 1 10. '50. 200. 300, 600, 1200. 1800 communication parameters dre set 'rom the keyboard
240300 80.90 adeten a handle a wide range of orotocols. All parameters

Asynchronous interface - E !A Standaro RS 232C cajn ne vocalized. enablinq the blicd operator to criange
.- , a ti le with Bell '03A modems). .1r)1 verify them

Trnm sysio no - u;adHl~ul TOTAL TALK's many features 'mike its use uncompli
cated arid straight forward. iTabs and margins are easilyI cperatinii Modes - Onr u rne, 3ff L ire, Character L me. set The curtor locator key vscaly 'nforms the operator

Parity -- ceepctabie Ever '10. Zero Ore ot 'lorw many characters from the left margin and how

Screen Capacity - 21 inet x 80 columns ria,'iv lies down from the *op nf ,he CRT screen that
'320 charactersi the cursor is positioned, Standard editing capabilities

Display Memory - 48 'net x 00 columns include inserting lines andl charade's, deletinig lines and
3 8340 charactersi cnarac'- Clearing the entre display and ,'rderiining,

8 CusorContol eys NuericPadA numeric data entry pad is embedded in the standard
~eylsnard for easy entering of numbers.

Cursor Locator Key , ASCII Code Keyboard

Selectable Tabs and Margins 11 'sicre information contact

Full Editing Capabilities AY ND 01RokSri od

Delivery -90 Days Lj~ ~COMW'UTER Forest Hill. Maryland 21050
SERVICESimc (301) 838-8888 I879-3366

L j~
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converter (or a similarly-operating codec) , with appropriate

d ownsa mpl in j.

The ,imic speech Frocessor is described as having a

data rate of 9000 bits/second, which is a relatively high

hit rate. Mimuic notes that a 4O0-word vocabulary can be

sitored on one sidle of an 9-inch floppy disk (with an a"erage

word duration of .5 seconds).

The system comes whole, or in parts. A fully assembled

tll l tested module costs $79 anC a kit for the module costs

only $19.99. Following is Table 2R which lists available

mimic units.

Mimic's speech processor unit is most interesting, and

the $19.95 board kit has to be considered an unqualified

Larjair. The unit ap ear.- to have wide applications for

experimenters interestel in digital samplinj and Flayback of

vo Ci. The unit could also apparently be used in

c')njunctton with a host computer for speech recognition,

given appropriate processing algorithms.

%

C'S voice output products are board level products

which are generally des igneft for purely commercial

dj -li at ions.

M*I'r" manufactuires voice outDut products which user LST

circuitry for actual recorli.aq of iiaput sp;peoch data for

sibse~juent platyback. hus, their device:; are not truly

- -f1 -
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TABLE 28

Mimic's List of 1irodui I

1. User's Manual for the MIMIC Speech Processor: $5. Contains
complete theory of operation, schematics, assembly drawings, and
,-i00 Bus interface example with Z-80 (8080) driver program.

2. MIMIC audio demonstration cassette tape: $7.50. Compares MIMIC
with other techniques in side-by-side listening tests.

3. Bare one-sided printed circuit board for the MIMIC Speech
Processors $19.95. Build it yourself. Manual not included.

4. MIMIC Speech Processors $79 ($75 without manual). A fully
assembled and tested module.

5. MIMIC System for Radio Shack's TRS-80s $169. Within minutes,
you'll be demonstrating speech I/O on your computer. Table or
wall mount. System includes manual, microphone, speaker with
volume control, power supply, and a special cable assembly.
Plugs into printer port on expansion interface, or use Radio
Shack's Printer Interface Cable #26-1411 to connect to bus.

6. MIMIC System for Cromemco's TU-ARTs $169. Similar to item
#5 above, but with a different cable assembly.

7. MIMIC System for Parallel Ports $149. Can be wired directly
to TTL port on most computers. Similar to item #5 above, but
uses a standard DIP jumper instead of a special cable assembly.
* Available soons MIMIC Systems for ZX-80, Apple, H-8, and HP-85.
Let us know your interests, and we'll put you on our mail list.

* Notes For all MIMIC Systems, deduct $4 from list price if a
manual is not required, and $10 if power supply not required.

8. S-100 Bus wire-wrap MIMIC interface cards $79. As described
in manual, fully assembled. Large area for additional user
logic. MIMIC System for Parallel Port, without power supply,
plugs directly into this card (order items #7&8 for $218 total).

9. STD Bus wire-wrap MIMIC interface card. $79. Similar to #8.
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speech synthesizers in the strict definition of the term.

Yet, as their devices perform nearly identical functions as

do comparable rule or analysis synthesizers, they have been

included in this section dealing with voice output devices.

MSC notes that there are a number of advantages to their

approach as compared to other speech synthesis techniques.

First, their devices claim excellent voice quality, which

is, "indistinguishable from live voice". Certainly, this

cannot be said of most commercial speech synthesizers. MSC

also notes that their approach uses no moving parts, as do

analog tape transports. Similarly, MSC's LSI circuitry

avoids audio degradation associated with repeated playback

of audio tapes.

MSC's top-of-the-line device is the 1650 Programmable

Voice Readout System (VRS). The modular design of the 1650

VRS can accommodate 10 plug-in circuit boards, each with a

capacity of 16 words stored in fragments of 406 milliseconds

on individual RONs and PROMs. Thus the vocabulary can be

expanded to 160 words of the user's choice. MSC will custom

build 1650 systems to include the words specified by the

customer. Table 29 describes the 1650 VRS's specifications.

Note that the 1650 comes complete with RO~s that are

preprogidmmed with standard MSC words, plus programmable

RO~s ready to accept words of the user's choice. The 1650

has a list price of $650 and vocabulary is $50 per digit.

- 93 -
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TAI14T.o: 2i

MS(, 1650 1 'oqrrnm,0l)1 , Vol,'" t '(iiiit ;yst ,lt

Progril maOle 5Voi Readout System (VAS)

" Solid-state reliability
" 'Me variety of applications
* High-fdelity voice duplication

" Expandable to 160 spoken words ot your choice

The Model 1650 lets you ado custom words to its
standard vocabulary without paying Custom charges

The system comes complete with Read Only
Memories (ROMsI that have been pre-programmed with
standard MSC words. Plus Programmable Read Only
Memones (PROMs) ready to accept words of your
":tmloosing

Its modular design accommodates 10 plug-in
cruit boards Each board has a capacity of 16 words
which are stored in fragments of 406 milliseconds on
naivioual ROMs and PROMs. A vocabulary can be
exDanded to 160 words within the standard M/ ATR rack
The desired message. which can be accessed instantly
whenever needed, is -spoken with such Quality and
':tariv its inchstlinguiShable from a live announcement

This proven, binary addressabie system is currently
being used throughout the world in critical applications
Such as aircraft warning systems, hospitals. refineres.
chemical plants, and teiecommunicat(o' and Timing Digram for Binary Input
information systems of every kind

The Model 1650. like all our solid-state readout
systems. has no tapes to reolace and no moving Darts
which cOuld lam or wear, it operates vinually
maintenance-free I
SpeIatIons i _- .0

-h/sical Size 11 standard ATR rack (TO 57" W x 52'H * HJ . . ,,.
x S58" D)

Outout. Audio -6 dbm to Odbm balanced
'ower Supply +12 VDC .o" --
Input Power 25 watts (max) .,,wc. -, I
Opowatng Temperature 01C to 70-C P 3W - W 'M

flout Format. Binary address
Output transtorme. isolated 600 ohms dua! audtro

circuit output provides 8 ohm @ 250 mw for
msnoring Output Cooemtlont

OTE Many standard interlaces are available Please tt et s
'crlact the factory tOf deailed information

Ordering lnora n,,-- , "'"
Ail orvers for Modxel 1650 systems are custom built to
fi cude the words SOOciffed by the Customer MSC uses ,
.3 ,oectiration Sheet ordering system to control O
Viiviculal customer requirements and assigns a

specific part number to each customer Contact the
'aorv for details on ordering information
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,SC offers the 1700 Voice Readout System (VOS). This

unit features a similar approach to that of other flSC voice

output products.

The 1700 VRS is designed for use vhere output of

medium-length spoken messages are required. The one-board

unit contains circuitry necessary to produce 16 words; a

second circuit board may be added to expand the vocabulary

to 32 words. Table 30 lists the 1700 VHS's specifications.

The 1700 VRS has a list price of $650 (with 50 digits).

For situations requiring vocabulary changes, "SC

recommends their 1750 VHS system, which stores individual

words on programmable RORs. Thus, any vocabulary can be

specified without incurring setup or masking charges. Pause

durations of the 1750 can be varied from 0-150 msec. The

1750 has a list price of $900 (with 10 words). Table 31

provides a description of the VRS 1750 specifications.

NSC also markets an automatic number announcer and an

audio playback unit number announcer for use by telephone

companies. For repeated broadcast of fixed messages, NSC

markets the DC&-1 Dual Channel Annunciator described in

Table 32. The unit has two channels for simultaneous output

of a single message stored on programmable POMs. The use of

PROMs precludes charges for setup or masking. Standard

message lengths are available up to five seconds, and the

memory storage section can be expanded for longer durations.

- 95 -
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'IABLFK 30

MSC 1700 Vojiic Rtailut Rystoin

7CC
V~i" Readlout Systm (VRS)

* Solid state reliability
Wide variety of apoications;
High-fidelity, voice readout

*UP to 16 standard words on one Circuit board
*Expandlable to 32, words

X 0 Pakagedassembly available
T IMde 1700 has become a standard in the

telecommunications industry and I's finding rnew
applications every day

The unit is ideal for practicaffy any situation whre e
medium. lanth spoken message is required, such as

\;,m a maPaging systems. Computer and alarm systems. elevator
floor announcements, credit card verifications.
malfunction aerts; and hotel/motel wake-up catls

The one-board unit contains ah the circuitry
Th"Ing01"MMnecessary to produce 16 spoken words of extraordinairy

Fidelity. ana a second circuit board may be added to
expand its natural sounding vocalbulary to 32 words

Since alt words are Stored in separate Read Only
JnJ Memories (ROMS). they can easily be added up in any

sequence dlesired. The 16 standard Spoken words are-
Ji: ~ .C ~ JZero'through 'nrre.-plus.-mfnus., times., divde

j -equal' and 'point. Aoditiona, words of your choosing
are subiect to a one-time setup charge The first .0
numeric words accept either binary address or ,0
mutually exclusive switch closures, Additional words
must utilize binary address

XD Iff 410 W D) ?m4xi inMSG sMoet 70VRS is avilbe(as acircuit
~ ~~ ~ ~ I board onlyor asan enclosed ass ambly.

OutPut Connections SPOfctlons~i ,...' oov x~rPhrysical Size T W x t34" H x 51, D
~ ~ Output. Audio -6 Obm to 0 dbm

Power Supply t12 VOC and +.5 VOC or #6 VOC
"'.5.input Power 2 5 watts (max) for 10 words

Operating Temperature mC to 7(rC~iO IOutput Transformer 600 balanced and 8 ohms 250 mw
Standard Interface 34 pin 3m ribbon P/N 3.414-000
Ordering lnformatio

*IY Ihir"4e- AC!.

______________________________________ the first 10 numeric word must be added to th model
.5 'y: 0S.4, 1 njmnumber as a dash number. Up to 22 additional words

_____________________________ may be specified If your system doe not require the
first 10 numeric words, consut tactory for special model

.21E ________&1 ____8__&__________ number Any additionial requirements not covered by
BFWthese models may be ordre by consulting the factory

'mx ~for details.

-96 -

4,



TABLE 3]

MSC 17.50 Voite Rts;,ot!;(. s;y. ."l

1750
V~a" PonWee SYStem

* UP to 32 custom words without custom charges

Like the Model 1700, this system features a 16-wora
spoken vocabulary expandable to 32 (using two cicuit
boards).

And it's similar to the Model 1700 in more wayS than
one. For example. it operates vttualty maintenance-tree
because At has no tapes or moving pans of "p kind.
And its reliable, sohd-state circuitry provKes excellent.
natural sounding voice reproduction that can scarcely
be distinguished from the original

The main difference is, the Model 1750 Stores
.' Individual words on Programmable Read Only

Memones (PROMs), instead of ROMs. That way, you can
speedy any vocabulary you ike without incurring setup
or masking charges.

So. tor applications requinring vocalJiaty changes.
Timing Diagrm the Model 1750is5 a wise choice.

It accepts binary address only, and features a
1 Pause Override Control that lets you adlust the duratiron

JJof the pause from 0 to 150 mCroseconds.

Physical Size: (rW x Vtrg H X 1t S D
, Output. Audio -6 bm too 0 bm

Power Supply: .-12 VDC and +5 VDC or #6 VDC
-- AE -ft........input Power2.5watts (max) for10 words

. Operating Temperature: 0 to 70C
o..__ _ I __________ OutputTransor8er 600balancedand 8ohms250mw

L .. 1 n" WO 11 W10 "t Standa dlnterface: 34pin3mribbonP/N3414-M000

Output Coneatons Ordedng Informto
W'PV.ft*P , ,.,*,V, 1700 E - 03 Plu% Minus, Pont]T"~tf Aaa " naC

I" +.i i IIr I. nAw

l -l.am

S w( '- , -MDe Num .ers
-6 U~ 10i.cSAfw

239,,9 7

,,*,,-,. .11 . I7/ E *6ar V B~r, Ire
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TABLE 32

MSC DCA-l Dual Channel Annunjaf-or

DCA-1
Dual Channel Annunciator

* Sol,-state relabdity
* Completely automatic
* Simultaneous output
* Easy installation
9 Low maintenance

For fepeated loroaocasting of fixed messages. MSCs
reliable DCA-t is hard to beat

It features life-litke voice reoloduction w4h natural
attenuaton and spacing Messages flow smoothly and
are easily understood

The OCA.I provides two independent channels for
simultaneous output of a single message stored on-
board in Programmable Read Only Memories (PROMS)
The use of PROMs orecludes any charge for setup
or masKing

Standard message lengths are avaiable up to 5
seconds, although the memory storage section may be
expanded to accommodate longer durations

Timing Diagram for DCA-I There are ro recoraing tapes to stretch or oreak.
and no moving parts to wear. Maintenance of this a11-
solid-state system is almost zero--. RSlltlon.

Physical Size 10 5' W x e 4' D x 15" H
"'rH.L Output. Audio -6 dem + 0 IBm

Power Supy -48VDC (t5 vDC regulated lamo
= 72VDC regulated 100 ma,

- II-1, Input Power 30 Watts
nput Format Switch closures

.. . . iII -i Operating Temperature 00C tc 70*C

Ordering Infiormation
A. , L', Consult factory

Output Connections

Block Olagram for DCA-1 o. " >J

#,1)240)

.4

AA, 
L ' , S

Z2A I
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Natioal Semicond uctor

,ational Semiconductor markets speech synthesis chips

which are for O.E.n. use. This involves incorporating speech

synthesis chips into existing circuit boards. Bather than

describing National's extensive line of LST chip products

related to voice output, this report focuses upon their

basic synthesizer chips only. National's LST chips are sold

without any control software.

National Semiconductor notes that their digitalker

chips will synthesize voices for males, females, or

children. They market two basic synthesis chips.

First, there is National's DT 1050 Digitalker kit.

This chip is intended, generally, for O.E.M. applications

(calculators, etc.). This kit features a chip with 137

words, two tones, and five pause durations. This kit sells

for approximately $90. It can be used in conjunction with

various computers, where the user can supply appropriate

control software. Table 13 gives a block diagram of the

DT1050 kit.

National also markets the DT 1000 Digitalker. This

unit features a 138-word vocabulary, five silence durations,

and a 1/2-watt on-board amplifier.

Note that SCRL did not receive any reply to letters

sent to National Semiconductor inquiring about their speech

products. Descriptions of National's speech synthesizers

came from computer magazines, where their chips are commonly

- 99 -
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TABLE: 33

National Serieondu(-l-or DT 1.050 Kit-

Zi Semiconductor
DT1050 DIG ITALKERTM Standard Vocabulary Kit
General Description
The OWAGITAU(1 IS a Speech Synthesis %"ySM Con. The -voice- output of the OTlOO is a highly Intelligible
%rating of seveal WNchannel MOS integrated circuits. it male voice ThO voauley is chosen so that it is apolIC*
contains a ageech processor chip ISPC) and speech F40M bIG to mea" Product$ AMd mell12
ead when used with external filter, amplilter and speFeatums
produces a systemn whichl Generalee high quality lsec ture
ic'dig the natural inalction and emphasis of the 2 COPS"' and MIC11OS1US' Cofmiptibie

original sPeech Male !wemae, and children's voicall can a Oeigfliad to to easily interlaced to Othler POPU1ar
be synrhes&d macorceeso

The SAC commun"icae with the Speech ROM, Which COn. 11 14 eddipesbig .Xpresion&a including number
lthe the compaed Speech data as welt as the (rqun @ Naua inlcinfn ermpnsif of 0"9"na Speech'
cy and amplitude data required for speech, Output. U~p to *Adese13 fAMdrcl
125k bits of speech "ata can be directly Acceeaed. aAiless18 fRMdrcl

a T1L. comflpatible
With tne addition of an external resistor. on.Chio oll. D Onchip Switch debounce for interfacing to manual
bounce is provided for use with a switch lnteface. switchles independent of a micMOfCUeW

An interrupt is generated at theaend Of each Speech s. II Interrupt capability for cascading words or phrases

puence to that seveal sequences or words can be a crysta controlled or externally d~~e @oillator
cascaded tO formh different Speech expressions.if The 071050 is a slalldard DIGl1'AU(! kit encoded with Applications
Q37 Separate and useful words, 2 ton~es, and 3 difterent 4 Telecomnmunications II Consumer products
Silence duratioflS (See the Master Wotrd List Table "). The
worde an6oe lw enasge iceeudese Appliance a Clockse

mnaking It possible to output single words or words con. 8 Autoiltottve 4 Language translation

cateriated Into phrases or ev en C etncs Teaching side U Annunciators
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marketed by second parties. Their chips allow the user to

concatenate phonemes. Although National's synthesizer chips

output speech which is immediately distinguishable from live

spEech, they do so at a relatively low price.

Peco Data Co.

Percom's speech synthesis products are in the category

of what might roughly be characterized as board level

products. Their peripheral devices are designed to plug

into smaller computer systems.

Percom markets d variety of peripheral devices for

smaller computer systems, such as the TRS-80. One of these

devices is a module designed to let users control LPC

synthesized output from the Texas Instruments' (TI's) Speak

G spell unit. The unit uses a 9-volt battery or a standard

calculator power pack. The unit requires Level TI BASTC, a

LIF memory, and an expansion interface or printer cable

adaptor. Following is Table 34 on the Speak-2-Me-2

interface module which retails for $69.q5.

_eesensoX eh Ssts

Telesensory's speech synthesis products are in the

category of board level products.

Telesensory markets a number of synthesizers which use

stored LPC coefficients for actual synthesis. The
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TABLE: 34

Percom Speak-2-Me-2 Interface Module

SPEAK-2-ME-2-
The Gift of Speech
This clever interface module
makes a Texas Instruments'
Speak & Spelt the voice
of your computer. Install

it, hook up your
computer and add the

dimension of
speech to busi- 10Lt

ness, education and -"
game programs.

Speech is controlled
at the keyboard, or by your own Level 11
BASIC programs which output whole
sentences with a few program lines.

The SPEAK-2-ME-2 module installs in
the battery compartment of a Speak &
Spellt. Some modification of the Speak
& Spells is necessary. Power is provided
from an ordinary calculator power pak or
a nine-volt battery.

SPEAK-2-ME-2 includes an intercon-
necting cable for the TRS-80* computer
and a comprehensive users manual. The
users manual includes Level 11 BASIC
listings of the primary driver program and
application examples.
System Requirements
Level II BASIC, 4 Kbytes of memory and
either an Expansion Interface or Printer
Cable Adapter are required. The Speak
& Spellt device and power pak must be
provided by the user

Advanced Speech Driver & GamesDiskette

This diskette contains eight speech-
enhanced games and a driver program
which permits your Level U BASIC callingprogram to:

1. Speak any word or phrase
from de internal word t of
Speak & Spellt.

2. Speak parts of words andphrases.

3. Speak a word or phrase at
one half norrmal speed.

The diskette also includes the pnimary
driver program listed in the SPEAK-2-
ME-2 Users Manual.
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synthesizers which will be reviewed in thin report are the

Speech 1000 LPC board, the Series ITT Speech Synthesizer

lodule, a prototype text-to-speech system, and the S2P and

S2C synthetic speech boards.

The Tplesensory 1000 LPC board is noted to have

superior voice quality and the capacity for large vocabulary

storage (tip to 458K, typically 200-300 seconds). The unit

also features a variety of common interface options,

including the popular RS-232C. The unit features a nimhcr

of variable parameters for synthesizing speech, such as a

variable and programmable audio gain and output, speech

speed control, and interword pause control.

Telesensory Speech Systems notes that the Speech 1000

board is applicable for all 1 nguages. For natural

intonation, Telesensory suggests building sentence!- around

phrases or other sentences. Fallowing is Table 35 with the

Telesensory's Speech 1000 boarl, including a block diagram

of the system's configuration. The Speech 1000 board has a

retail price of $1, 200 for single units. Tt is

Telesensory's top-of-the-line synthesizer.

Telesensory Speech Systems produces the Series TTT

Speech Synthesizer Module. This unit is lower-priced than

the Speech 1000 board, costing $295 to $395, depending upon

options selected. The Series LIT Synthesizer can

accommodate both custom and standard vocabularies in

standard ROMs or EPROMs up to a capacity of 256 utterances,
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TrABLE. 3'b

'1' el selnsory Stjeet'h Sysl ems 100)0 1 r) ,rd

System Specifications
SyntheMzer Power
Telesensorys iPDSP (Programmable - iv'At 2 amps (max.I
Dtgal signal Processor) chip set + 12V At I AMps (mIx.)

implementing a 12 Pole Lanice Filter - 12V a s01 amps (max.)
Structure Size

Speech Incoding Intel's Mulfibus Board Form Factor
Linear Predictive Coding: 2200 bits per 6 "1" 12.00" xO50" 17.1 m x
second of speech is standard. other 30.4cnm x 1.2"cm)
encoding ra es available Weight
Vocabulary Capacity 16 oz (45A gm)
Approximatey. 200 seconds o speech at Operting Temperture
2200 bps encoding rate. up to 300 0°C to SV°C
seconds at lower rates
The available time may be used to SPEECH 000- SYST M KOCK DIAGRAM
store any number of words, phrases or
sentences
Vocabulary Memory lmt U

Total of - 28-pin sockets I *, l

Available for ROM. EPROM or RAM I.M

Toa ca ty of 58k bits of standard
semiconductor memnory
lIntetfaceist
%4ultsbus: 110 slave
Serial Port: I16232C) 300-9600 Baud
(Jumper Select)
ParAllel Port: (TrL) 8 bits (Data),

bits (Control) Uws- macl,

Audia T 41010411

I Watts into 8 ohms
Low Pass Filter fc= .SkHz @-6dB I
Rolloff 42dB/octave lak,'lm ,o(4A1( tIoL iAT, mu rvo l F us
Programmable Umnpliude Level: 8 levels. told UNs 100 U.M

3dB/ilevel
Programmable Speech speed: 2 norml

to j normal

TELESENSORY
Speech Systems
A,01 llttview Avenue • PO Box 10099
11ilo A), to, C aliforn ia 94 3014 YL~

I, ,)i6.8255 Telex 3-48 S2

I!
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for a total time of %pproximately 100 seconds of synthesized

speech. The unit is a complete voice response systeu,

including an on-board audio amplifier. The unit interfaces

directly with most popular buses, including TTL compatible

I/O port, or simple logic controllers. The unit features a

distinctive male voice, and has a relatively large

vocabulary capacity. The unit is powered by a single #5V

power supply. Following are Tables 36 and 37 covering the

Series II Speech Synthesizer Module.

Telesensory Speech Systems notes t hat they are

developing a prototype text-to-speech system, which will be

a stand-alone unlimited speech peripheral device. The unit

will feature an RS-232C interface. The text-to-speech

system will include some prosodic features for sentences.

Basically, the unit is described as having two modes: 1)

lexical - for normal stress patterns, and 2) prosodic -

where whole phrases are analyzed, and words are stressed in

relation to surrounding words.

Telesensory markets two mini circuit boards for speech

synthesis. The S2B and 52C boards feature the minimum

components necessary for speech. The units include one or

two 16K ROi1s, depending upon vocabulary selection, Flus

clock frequency circuitry. Available vocabularies include a

2u-word calculator vocabulary, and two 64-word general

purpose vocabularies. The units are based upon the CRC

synthesizer chip, which costs $65 with vocabularies running
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an additional $30 to $60. Following is Table 38 of the

Telenensory mini circuit synthasizer toards.

Telesensory offers a wide variety of LPr synthesizer

board-level products. Telesensory particularly emphasizes

the wide variety of custom vocabularies that they have

available, including numerous foreign languages.

Finally, Telesensory notes that they have several new

products which are either available, or coming out soon.

First, there is a real-time tpxt-to-spepch rule synthesizer.

This unit converts ASCII characters to speech, via a

cascade/parallel synthesizer, and should cost around $3,500.

This unit should be most interesting to evaluate, for it

would appear to be the first commercially-available product

to incorporate a cascade/parallel synthesizer. Second,

Telesensory has just brought out the speech 1020 unit, which

is a speech 1000 unit with a self-contained unit with

internal power supply. The unit is called the RSC1020, and

it sells for approximately $2,500. with vocabulary an

additional cost. Telesensory especially emphasizes their

custom vocabulary capabilities and their ability to serve

customers with relatively low-volume needs.

As mentioned earlier Telesensory Speech Systems has a

telpphone line for demonstrating their synthesizers: call

(415) 969-6257. Their telephone demonstration includes

their new text-to-speech unit.
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TlABLE: 18

Telesenso ry Mini C:irrusi Synt hesi zer Boards

Speech Synthesizer Module
DESCRIPTION OF OPERATION

Originally developed f or use in TSI's talking calculator for the blind. anlo voc ou
we are now making our unique speech synthesizer circuit tooards availa- 6btprle
ble for small computer and OEM applications. Pre-prograrrimed vocabu- 6ddbet CRC
lary data is stored in either one or two 16K MOS ROM.s (depending --- itart si al speech Synthesis
on the number of words in the vocabulary). When provided with a 6-bit --- iS_1V CRC P Mir-onrlo
parallel binary address code and a START signal, the custom LSI ROM
controller (CRC) fetches appropriate control data from the ROM, deter- bus signal addes data
mines the speech characteristic of the word, and converts the digital
information to an analog audio signal via an on-chio 0/A converter. The
analog then requires filtering and amplification. The result is a clear, -5 V ROMl Power ROMl
highly intelligible male voice. The operation of the board is described CnrlDi
in the block diagram.

A VARIETY OF VOCABULARY CHOICES

Mini Circuit Boards Cialculator Speech Synthesis Module
Mini Circuit Boards are small PC boards measuring Features anld Speci fations

less than 3.10' square which provide the minimum
necessary components for speech synthesis the CRC 0 Ca*Ubetor Vocabulary
micro-controller, one or two 16K ROM's (depending Oh four 9,qnt Percent enilnil mini.
on the vocabulary selected), and clock frequency cir- e iiC ti M.e iow- tIM" Oka
cuitry Vocabularies available include the 24-wora al th4 XIi'r Qie fU, foot overfowu sw
culator vocabularies described under Calculator Speech
Synthesis Module as well as two 64-ward general-
purpose vocabularies. Custom Vocabularies

A custom vocabulary can be programmed to fit your particular
applications.

Limited Werrianityl

The Speech Synthesis Module is warranted against defects in
material and/or workmansip for a period of190 days from tthe
date of delivery. Upon secific written request. a copy of the

complete product warranty may be obtained free of charge

from Telesensory Systems. Inc., at th, address stated below

0 Powsell: -5V and -I 5V TfEJ.JSENS(WI~
as in addition to power. an audio filter circuit (described in the

Engineering Note which accompanies the board) an audio e h Sy t m
amplifier, and a speaker must be Provided by the user.

3408 HI~vwAenue - PO. box 10099
" insist : Double-ided Rdge Connector. ten pins each side. Palo Alto, California 94304

(415) 493-2626 *Telex: 348352
* Can be made TTL compatible.

S2A 24 word Calculator Thimde also soalilsible in "U SI
Vocabulary D)i~ S5F n aw s0 e 276010
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Texas Instruments (TI) markets speect- synthesis

products which are in the board-level category. The company

makes a variety of LPC synthesizers.

Since the synthesizers rely upon an analysis synthesis

approach, actual speech signals are analyzed and only the

main spectral characteristics are reproduced. TI notes that

there are two main types of analysis synthesis synthesizers:

I)formant and 2)LPC. The first synthesizers produced were

the basic formant synthesizers, followed by the currently

popular LPC synthesizers. For both types of synthesizers,

the use of downsampling reduces the bit rate from the

original speech, on the order of 100 to 1. This is essential

where memory space is limited. However, very low data rates

can lead to relatively low quality voice output, so it is

important to reproduce the essential acoustic

characteristics of human speech. One advantage of LPC

synthesizers is that they reduce coarticulation problems

associated with rule synthesizers, since they model output

based upon real human speech.

Texas Instruments has just introduced three new voice

synthesis processors: the TMS5100, the TR55200, and the

TMS5220 chips. Quantity discounts are available for these

chips, which otherwise range from approximately $30 to $45.

TI has several voice synthesis memories available for

use with their voice synthesis processors. These are the

110
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TMS6100 and TMSL125 chips. The LSI chips arp also

relatively inexpensive, with quantity discounts available

for the O.E.M. aarket.

TI markets several evaluation kits for their voice

output products. First, they have their SPSI1031-f 11

evaluation board. This is a small board intended for O.E.M.

users. The unit, which contains no microprocessor, is

capable of synthesizing eight phrases. It uses a 9-volt

power supply, and sells for approximately $9q. Second,

costing an approximate 11,000, is TI's R5232 speech

evaluation board. This board is designed to plug into RS232

interfaces and comes with a 25-word vocabulary (expandable

to approximately 1000 words with additional ROMs). This

board is available only from Ti's Regional Technoloqy

Centers. Finally, T1 markets the S200 series evaluation

board for $499. The unit has less memory than the RS212

board, but still has variable intonation.

Texas Instruments also markets microcomputer board

products. These include the TM990/306 speech module, with a

standard 200-word industrial vocabulary (up to 400 words

when mask-programmed OMs are used for storage). The unit

sells for £1,200. It is also available without the standard

vocabulary for applications using customer-specified words

(as the TM990/306-2). TI notes that this unit will be

replaced soon, and that they currently have new voice

synthesis products coming out at a rapid rate. A number of
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these new products will offer additional capabilities, suc4

as allophone dictionaries, variable intonation, sound

effects, etc. A further trend in this area will be an

increase in performance to price ratio.

Texas Instruments also specializes in custom speech

boards, for very specific customer needs. TI stresses its

ability to quickly produce custom speech boards (often as

rapidly as 9 months). TT markets custom speech boards even

for low-volume applications.

TI also notes that they offer courses in speech

synthesis. One popular approach has been for customers to

purchase an evaluation board, attend TI's course in speech

synthesis ($150). and leave this course with a working

knowledge of how to get their evaluation board kit operable.

A recent addition to the TT product line has been the

talking Loran C Navigator. Loran C is, of course, the T,.S.

Coast Guard's main navigational system (hyperbolic

navigation). The TT9q0 and the TT9900N with speech option

announce Loran C navigation information in ships and boats.

9p to four items may be selected for announcement from the

following list:

1) time

2) position

3) speed over the bottom

4) range to waypoint

5) time to go

6) cross-track-error

- 112 -



7) course made good

8) bearing to waypoint

The unit may be set to announce its four messages at

intervals ranging from 6 seconds to I hour. It announces

power-up status, system warnings, and entry corrections.

The unit sells for $695 plus installation. This price is

very competetive even though the synthesis system is very

"special purpose" oriented.

Votra x

Votrax voice synthesis products may be divided into

board level and chip level products.

Votrax currently markets at least four products based

upon their SC-Q1CMOS Phoneme Speech Synthesizer. This is

essentially a rule synthesizer, which can phonetically

synthesize continuous speech, of unlimited vocabulary, from

low data rate inputs. This latter point is the main

advantage of rule synthesizers, in that such synthesizers

typically require large storage areas, which tends to limit

the potential size of the output vocabulary. The SC-01 unit

consists of a single chip containing 64 different phonemes

which are accessed by a 6-bit code. The proper sequential

combination of these phoneme codes creates continuous

speech. Note that the Sr-01 is a very cost-effective unit,

priced at $55 (quantities of five or more). Table 3q gives

the characteristics of the SC-01 chip.
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I'ABLE 39

Votl-rax SC-01 Synt-hesizr-r (' )p

A Division of Federal Screw WorksPEC SN HEIE
500 Stephenson Highway O ATA SHEET

Troy, Michigan 48W6

Votrax' CMOS Phonem Speech Syntheier

GENERAL DESCRIPTION

rite scot Speecht Synthesizer '1 a complOetly self-contained

solid state de..ce Tis. single chip phonetically synthesizes
c~n".muu speech of unlimitted vocabulary. from low data

Soeoct s %nnthesued by com'bining Phonemes tthe buidi~ng

tyOCki Of sps,01ii n the. Aocrocirsate saquence The SC-01
Suech Syntheszer conftains 64 cf,arent poneme~hs which are

accessed try A 6-tht code. 1 - the proper sequ.enti

omthnatiors of thoe phonleme codes that Createsi coninuous

ri". SC 01 Spech Syntheszer is costttfictve. consumre,
-- mall oowar and triaties in-house product devednit

without windich dilped.'Cy Signals from the SCOI are

woo4-d '0 an aid-O Output dert-Ce to amplify and distribute
th, ivnithepufed soeec see F.p.'e 2. Figure V Votrax-&SC-01 Speech Syntheizer

FEATUPiS its "Ill

* 70bt f eods-

*9 Vna. C.r"rt dran

*Wide oitega supply range Polls
*Latched S's comsotiei inputs

* ."te litdsetimfuts mfi
*Automaetic nffeitction sN

Onchgur mate Slock circuits
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Votrax also markets the Speech PAC (Phoneme Access

Controller) which includes the SC-01 chip. This unit

includes provision for additional vocabulary by allowing far

storage of additional phoneme codes. Votrax notes that this

tinit is especially suitable for inclusion with a variety of

equipment, controllers, games, etc. The unit contains an

EPROM circuit which may be jumpered to accept a 32K EPROM

for stored vocabulary expansion. Phonemes and prestored

words can be mixed as desired. Following are Tables 40 and

41 documenting features of the Speech PAC unit, which sells

for $275, and detailing a flow diagram.

The top-end synthesizer in the Votrax line is the

Versatile Speech Modulp (VSK/I). The unit incorporates

additional features over those in the Votrar Speech PAC and

sells for $995.

This unit also utilizes the SC-01 synthesizer chip. It

has a large lexicon of commonly-used words (industrial

engineering based) stored in EPROM. Tt includes a built-in

prefix/suffix table for prestored words. Additional

vocabulary can be created and permanently stored on EPPO~s

(AK to 16K). Other notable features of the unit include a

1,300+ word prestored vocabulary, sound effects, variable

stress (4 fixed levels, 4 transitional inflection levels), 8

speech rates, and 3 pause durations. Following are Tables 42

and 41 with a listing of the VSM/I synthesizer's features,

applications, and specifications.
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TABLE 40

Vo' rax Spe-,'h Pi,'

SPEECH PAC T.M

(Phoneme Access Controller) Jj]JTY REM'JJ

FEATURES

Low cost complete system vocabl Edge CardEPROM

" Phoneme accessing capability for unlimited . . lke
system vocabulary L

* Additional vocabulary specific
to user needs can be created
andl permanently stored

" Ultra low bit rate of SC -01"1110l
maximizes ROM word storage sc-o smah
capability /syno,

Past~f 
Audi.

" True synthetic speech technology Ampk,

eliminates the constraints of a small, fixed
vocabulary speech module

* Parallel Interface for computer, controller or Figure 1. Votrax Speech PAC'"
preselected diode matrix to access prestored (Phoneme Access Controller)

words or create phonetic speech

" On board audio amplifier with volume control

DESCRIPTION

The Votrax Speech PAC" introduces a new level
of speech synthesis performance and flexibility at
low cost. Based on the truly synthetic speech
technology of the SC-01, the Speech PAC "

APPLICATIONS provides the system designer with a small, self-
contained circuit board which is easily adapted for

- Low budget systems for personal, experimental use with a variety of equipment, controllers,
or low volume OEM product design games, etc.

* Fixed vocabulary for systems requiring limited The Speech PAC' " is customer programmable end
vocabulary expandable. The user can easily reconfigure the

Speech PAC " vocabulary, as desired. The
- Add on speech output for existing controllers. EPROM socket may be jumpered to accept a 32K

educational programs, talking games, etc. EPROM for stored vocabulary expansion. Pho-
nemes and prestored words can be mixed, as

- Annunciators for alarm systems, elevators, desired, to produce an output with unlimited
stations. etc. vocabulary.
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'T'A B 1.l; 41

Vo rdx Sooech PAC Further .p,-,i f i (- jons

SPEECH PAC T. ._ PHONEME ACCESS CONTROLLER

OPERATING CAPABILITY

Prestored words are access- a. ca

ed in 8 byte increments.
The low baud rate of the -- ' i ,: r-
SC-ol Speech Synthesizer - .' . - -- - -
allows a single 2716 - .

EPROM to store up to 255
words, and a single 2532 a
EPROM to store upto 511- , aO

words Long phoneme "
sequences (more than 8 "" ' " .

phonemes) may cross entry
boundaries. The Speech
PAC'" signals the external
controller at the end of each
phoneme sequence.

Figure 2. Prestored Word Mode

SPECIFICATIONS

* * SC-0l Phoneme Synthesizer

, Up to 255 word storage in a single 2716
EPROM

- Expandable with the use of a 32K EPROM
7' s * Mixed prestored word/phrase end phoneme

sequencing
-~ .4* On board audio amplifier

___________ ' Parallel interface
o External master clock option
- Handshaking with external controller
* Unlimited vocabulary
* User custom programmable

" goe 3. Ph. om d * Adaptable for use with limit switches and
minimal intelligent controllers

Figure 3. Phoneme Mode
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Voi rtx VM/I Syi hi;1 :'1

VERSATILE SPEECH OUL TM

FEATURES

* True synthetic speech technology and a built in
microcomputer elminate the constraints of a
small fixed vocabulary speech module

* Ultra low bit rate of the SC-01 maximizes ROM
word storage capabilities

* Large lexicon of commonly used words with

industrial engineering base stored in EPROM

- Built in prefix/suffix table for prestored words

e Additional vocabulary can be created and
permanently stored

e Phoneme accessing capability for unlimited
vocabulary

* Speech rate and pitch dynamic proilramming for
stress patterns and simulation o, multi-voice
environments Figure 1. Votrax VSM/1"

(Versatile Speech Module)
e Sound effects, from gunfire to musical

sequences can be easily created from prestored
sound macros. Additional sound macros can be APPLICATIONS
user defined and EPROM stored for even
greater flexibility. The VSM/1 " can be used as a microcomputer

to simulate or develop talking products, such as
* Expendable via interface ports a talking calculator or talking games. It can also

be used for unlimited real time speech synthesis
0 Parallel and RS232 compatible serial Interfacing while simultaneously executing commands and

with selectable baud rates and terminal modes performing monitoring activities.j Foreground and background simultaneous The VSM/1'" can plug directly into the card
operation for speech and voxOS (voice operating cage of an industrial control computer to provide
system) prompting for operating personnel (instructions

for a real time situation). Typical applications
e Built in microcomputer can also simultaneously are chemical processing plants, nuclear power

perform monitoring activities and execute stations, aircraft systems, seismic monitoring
speech commands stations and automated warehousing.
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TA B 1,: 4 1

Votrix VSM/I Synthesizr Further S el,' fi/ i

VERSATILE SPEECH MODULE TM- VSM/1

SPECIFICATIONS voxOS

General 9 Full feature byte oriented editor (insert, delete
change and move data pointer)

* 1,300 + prestored vocabulary * Computer and terminal prompting modes
" Prefixisuffix modifiers e Phonemes, sound effects, controls and
" Phoneme mode prestored speech may be intermixed in any
" Sound effects audio sequence memory
" Speech stress o 4 audio sequence memories + 1 sound effects
" Usable as a general purpose controller/ control memory (16 blocks of 8 parameters each)

simulator * Memory dump
e Execute 6800 operating code sequence (for

Hardware downloading or overriding operating system)
& 12 prestored sound macros Ito provide basic

- SC-01 phoneme synthesizer waveshapes for user selection of features)
o Powerful 6800 MPU (microprocessor unit) o 4 user definable sound macros (to reside in user

based design supplied ROM firmware)
* Parallel and serial (RS212) interface (selectable a 48 programmable MCRC (master clock resistor

baud rate of 75 - 9600 bits per second) capacitor) settings for continuous dynamic
& 1K byte RAM (sockets for additional 2K bytes) manipulation of audio parameters (instant-
* 2K byte voxOS operating system aneous course controls)
* 8K byte prestored vocabulary ROM * 4 MCRC transitioned trim controls (slowly step
- Expansion sockets for an additional 8K bytes toward target)

(2716) to 16K bytes (2532) of jumper selectable • voxOS bypass (to jump into user supplied
EPROM's firmware)

* On board audio amplifier, 8 ohm, 1 watt, with
volume control Audio Sequence Commands

- Half memory plane expansion connector (32K
locations out of 64K. Customer access to 32K * Prestored speech callout (16K byte direct access
locations via the microcomputer data address range)
bus.) 1 Two phoneme execution modes (fixed inflection

- Form compatible with a popular microcomputer and transitioned inflection)
board e 4 fixed inflection levels (instant)

- Variable speech rate clock * 4 transitioned inflection levels (step)
- Variable master clock frequency circuitry for e 16 sound effect (commands) control blocks

pitch control (load control memory and pick 1 of the 16)
* 8 speech rates (will not affect sound effects)
- 8 pause durations
a 8 prompting sounds (canned sound effects)
* Prestored prefix/suffix word modifiers

1
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The final Votrax product that SrRL reviewed is the

Type-ON-Talk text-to-speech synthesizer. Thp unit costs

$375. To use this system, words are typed into a host

terminal and translated into synthesized speech by the

sistemas microprocessor-based text-to-speech algorithm. The

unit incorporates the SC-01 chip. it includes a I-watt

amplifier, PS 232C interface, data echo of ASCII characters,

and phoneme azcess modes. Table 44 provides a basic

description of the Type-'N-Talk unit.

Note that Votrax has Just announced a second

text-to-speech synthesizer, with reportedly better voice

quality than their Type-'N-Talk unit. This is the SVA

text-to-speech unit, which sells for approximately $1,650.

The unit is available with a 16K buffer (approximately 15

characters per second) , which will hold up to 800

characters. This Votrax unit is also a rule synthesizer.

5.2 KLATT SYNTHESIZER PROGRAM

This subsection deals with the Klatt synthesizer

program. This is not yet a marketed synthsizer as were the

ones discussed in the proceeding section. The 9arch, 1RO,

_JourEa_1 of kE Acoustical SocietY 2_ America contained an

article on Dr. Klatt's parametric (rule) synthesizer. This

synthesizer is the most a.vanced rule synthesizer to date,

and output from Klatt's synthesizer is virtually

indistinguishable from live speech, given the appropriate

parameter input.
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&a hs every computer falldm
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Klatt's synthesizer provides minute control over the

main parameters underlying human speech. Consequently,

anything can potentially be synthesized, given the correct

parameter input. This type of synthesizer will certainly

see wide commercial application in the future. Figure 4

gives a flow diagram of the Klatt synthesizer.

The synthesizer is a cascade/parallel formant

synthesizer as shown in the top schematic of Figure 5. The

two main components of the synthesizer are the cascade

portion and the parallel portion; this amounts to a

combination of the two common types of experimental

synthesizers widely seen in the literature.

Parallel synthesizers which are essentially formant

resonators that simulate the transfer function of the vocal

tract, connected in parallel, are of the type shown in the

bottom schematic of Figure 5. Each formant resonator is

preceded by an amplitude control that determines the

relative amplitude of a formant in the output spectrum for

both voiced and voiceless speech sounds. The cascade

configuration is noted by Dr. Klatt to have the advantage of

having the relative amplitudes of formants automatically

computed without the need for individual amplitude controls

for each formant. The disadvantage of cascade synthesizers

is that one still needs a parallel formant configuration for

the generation of fricatives and plosives. This is due to

the fact that the vocal tract transfer function cannot be
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Figure 4: Flow diagram of Klattas synthesizer.
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modeled adequately by five cascade resonators when the

source sound is above the larynx. So, overall cascade

synthesizers tend to bp relatively more complex. A second

Advantage of the cascade configuration is that it is a more

accurate model of the vocal tract transfer function during

the production of non-nasal voiced sounds. Also, it is

difficult to match the transfer function of certain vowels

using a parallel formant synthesizer.

Klatt's synthesizer uses two voicing sources, one for

periodic sounds and one for nonperiodic or turbulent sounds

(such as for fricatives). The Klatt synthesizer has a

sampling rate of 10000 bps, as speech does not have much

energy above 5000 Hz. and low-pass filtered speech sounds

perfectly natural.

latt's synthesizer has a set of 39 control parameters

which are used for synthesis; as many as 20 of these

parameters may be used for English utterances. The Klatt

synthesizer basically uses the parameters for input,

functioning as a 4igital resonator. Tables 45 and 46 list

variable parameters and sample parameters.

Spectrograms are used by Klatt as a model to determine

the general acoustic characteristics of the utterance to be

synthesized. Spectrograms of natural speech, compared with

synthesized speech, show just how well the Flatt synthesizer

models human speech. Figure 6 displays a comparison between

a natural utterance and a synthesized utterance.
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TABLE 45

Klatt Synthesizer Variable Parameters

TABLE List of control parameters for the software torment synthesizer.
The second column Indicates whether the parameter is normally constant (C)
or variable (V) during the synthesis of English sentences. Also listed are
the permitted range of values for each parameter, and a typical constant
value.

N V/C Sym Name Mn Max Typ

I V AV Amplitude of voicing (dB) 0 80 0
2 V AF Amplitude or frication (de) 0 80 0
3 V AN Amplitude of aspiration (d8) 0 80 0
4 V AVS Amplitude o sinusoldal voicing (d8) 0 80 0
5 V FO Fundamental freq. of voicing (Hz) 0 500 0
6 V F1 First torment frequency (Hz) 150 900 450
7 V F2 Second formant frequency (HZ) 500 2500 1450
8 V FS Third formant frequency (Hz) 1300 3500 2450
9 V F4 Fourth torment frequency (HZ) 2500 4500 3300
10 V FNZ Nasal zero frequency (Hz) 200 700 250
11 C AN Nasal formant amplitude (dB) 0 80 0
12 C Al First torment amplitude (dB) 0 80 0
13 V A2 Second torment amplitude (dB) 0 80 0
14 V A3 Third formant amplitude (dO) 0 80 0
15 V A4 Fourth fromant amplitude (dO) 0 80 0
16 V A5 Fifth formant amplitude (dB) 0 80 0
17 V A6 Sixth torment amplitude (d8l a 80 0
18 V AB Bypass path amplitude (d8) 0 80 0
19 V 81 First formant bandwidth (Hz) 40 500 50
20 V 82 Second torment bandwidth (Hz) 40 500 70
21 V 83 Third tormant bandwidth (Hz) 40 500 110
22 C SW Cascadelparallel switch O(CASC) l(PARA) 0
23 C FGP Glottal resonator I frequency (Hz) 0 600 0
24 C 8GP Glottal resonator I bandwidth 100 2000 100
25 C FGZ Glottal zero trequency (Hz) 0 5000 1500
26 C BGZ Glottal zero bandwidth (Hz) 100 9000 6000
27 C 84 Fourth torment bandwidth (Nz) 100 500 250
28 V F5 Fifth formant frequency (Hz) 3500 4900 3750
29 C 85 Fifth torment bandwidth (Hz) 150 700 200
30 C F6 Sixth forment frequency (Hz) 4000 4999 4900
31 C 86 Sixth forment bandwidth (Hz) 200 2000 1000
32 C FNP Nasal pole frequency (Hz) 200 500 250
34 C 8NP Nasal pole bandwidth (Hz) 50 500 10034 C 8NZ Nasal zero bandwidth (Hz) 50 500 100

35 C BGS Glottal resonator 2 Bandwidth 100 1000 200
36 C SR Sampling rate 5000 20000 10000
37 C NWS No. of waveform samples per chunk 1 200 50
58 C GO Overall gain control (dB) 0 Soo 47
39 C NFC Number ot cascaded forments 4 6 5
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TASLE 46

Klatt Synthesizer Sample Parameters

KLATT CASCADE/PARALLEL FORMAT SYNTHESIZER

THE FOLLING TABLE REPRESENTS THE CONFIGURATION FOR THE CURRENT PARAMETER FILE.

NUM PARN V/C VALUE MUM PARM V/C VALUE NUN PARM V/C VALUE

I AV 1 0 14 A3 1 60 27 B4 0 3400
2 AF 1 0 15 A4 1 60 28 F5 0 3700
3 AN 1 0 16 AS 1 0 29 85 0 500
4 AVS 1 0 17 A6 1 0 30 F6 0 4900
5 FO 1 0 18 AS 1 0 31 86 0 800
6 Fl 1 450 19 81 1 50 32 FNP 0 250
7 F2 1 1450 20 82 1 70 33 SNP 0 100
8 F3 1 2450 21 83 1 110 34 8NZ 0 100
9 F4 1 3300 22 SW 0 0 35 FRA 0 99

10 FNZ 1 250 23 FGP 0 0 36 SR 0 10000
11 AN 1 0 24 8GP 0 150 37 NWS 0 50
12 Al 1 60 25 FGZ 0 1500 38 GO 0 66
13 4Z 1 60 26 8GZ 0 6000 39 NF 0 5

NU14 AV AF AN AV5 FO Fl F2 F3 F4 FNZ AN Al A2

0 20 0 0 0 1-0 450 1450 2450 33-00 250- 0 60 60
5 27 0 0 0 105 450 1450 2450 3300 250 0 60 60
10 23 0 0 0 120 450 1450 2450 3300 250 0 60 60
15 41 0 0 0 115 450 1450 2450 3300 250 0 60 60
20 50 0 0 0 120 450 1450 2450 3300 250 0 60 60
25 51 0 0 0 125 450 1450 2450 3300 250 0 60 60
30 52 0 0 0 130 450 1450 2450 3300 250 0 60 60
35 54 0 0 0 135 450 1450 2450 3300 250 0 60 60
40 55 0 0 0 140 450 1450 2450 3300 250 0 60 60
45 56 0 0 0 145 450 1450 2450 3300 250 0 60 60
50 58 0 0 0 150 450 1450 2450 3300 250 0 60 60
55 59 0 0 0 145 450 1450 2450 3300 250 0 60 60
60 61 0 0 0 139 450 1450 2450 3300 250 0 60 60
65 62 0 0 0 134 450 1450 2450 3300 250 0 60 60
70 63 0 0 0 128 450 1450 2450 3300 250 0 60 60

75 65 0 0 0 123 450 1450 2450 3300 250 0 60 60
80 50 0 0 0 117 450 1450 2450 3300 250 0 60 60
85 50 0 0 0 112 450 1450 2450 3300 250 0 60 60
90 43 0 0 0 106 450 1450 2450 3300 250 0 60 60
95 35 0 0 0 100 450 1450 2450 3300 250 0 60 60

43 A4 AS A6 A8 81 82 83

60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110
60 60 0 0 0 50 70 110

60 60 0 0 0 50 70 110
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Figure 6: Natural utterance compared to glatt's
synthesized utterance.
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Klatt states the usefulness of the linear prediction

spectrum. To obtain this spectrum, a linear prediction

analysis precedes a discrete Fourier transform. The

autocorrelation alogrithm (Makhoul, 1975) using 14 poles, is

applied.

Tt is expected that Klatt's current rule synthesizer

will be fully incorporated into future commercial products,

with appropriate control software. A synthesizer

incorporating Klatt's latest synthesis would probably

include storage capabilities for control parameters.

finally, it is expected that once Klatt's current synthesis

program is incorporated into a commercial synthesizer, it

should provide very serious competition for currently

available synthesizers, because the output is often not

easily distinguishable from live speech.

1
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CHAPTER 6.

CONCLUSIONS FOP USE OF SPEECH RECOGNITION

AND SPEECH SYNTHESIS TECHNIQUFS

This chapter examines and compares different speech

recognition anrd speech synthesis technologies as they relate

to Coast Guard operational and technical requirements. It

also discusses problems involver] in developmental efforts

for speech recognition and synthesis. Finally, it proposes a

future plan for using speech synthesis for broadcasting

Coast Guard weather reports.

6.1 SPEECH RECOGNITION TECHNOLOGY

Coast Guard operational and technical requirements lead

us to the conclusion that the Coast Guard requires a totally

j speaker-independent speech recognition system capable of

spotting keywords in connected speech. In particular, the

Coast Guard has considered speech recognition as a potential

means to bdck up watch standers in guarding distress

frequencies. Application areas mentioned by the Coast Guard

included: Communications Stations, Radio Stations, Group

Stations, Search and Rescue Stations, and Coast .uard

Cutters. Coverage is for 2182 kHz MF radiotelephone, and

156.8 mHz radiotelephone (Channel 16). We pointed out that
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our analysis of selected Coast Guard radio transmissions

showed that the Coast G uard needs a recognition system

capable of handling transmissions with a relatively low

signal-to-noise ratio (mean S/N ratio was 23dB, with a

standard deviation of 5 dB.), and with cutoff frequencies

ranging from approximately 300-4000 Hz. Additional

technical requirements make its speech recognition

requirements even more stringent. For example, we noted

that Coast Guard requirements regarding keyword spotting

indicate that a recognizer should be able to handl

connected speech input with widely differing emotional

states, diverse accents, and substantial nonperiodic

background noise input.

As noted previously, !1CRL was able to compile detailed

information regarding speech recognition products from nine

major manufacturers:

1) Centigram

2) Heuristics

3) Interstate Electronics

4) Nippon Electric Company

5) Scott Instruments

6) Threshold Technology

7) Verbex

8) Voicetek

1) Votan
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As mentioned earlier, there are no currently available

recognizers which can handle connected speech in a

completely speaker-independent manner. We did point out

that three manufacturers market recognizers capable of

handling connected speech. However, of these three

manufacturers only one markets a speaker-independent

recognizer (capable of recognizing digits plus 50 optional

words). Yet this particular recognizer will not handle

connected speech input. From our discussions with

manufacturers and review of ongoing work related to speech

recognition technology, we note that there is a large effort

being devoted to the task of developing speaker-independent

recognition systems capable of handling connected speech

input.

In line with a general price reduction in speech

recognition systems lue to improved technology and

manufacturing techniques, we believe that the price of

future speaker-independent recognizers capable of handling

continuous speech input will be lower than might first be

imagined, probably on the order of $20K, depending upcn the

size of the recognition vocabulary. It can also be pointed

out that first-generation speaker-independent, continuous

speech input voice recognizers will handle the digits

primarily, plus several control words. This configuration

appears to have wide marketing possibilities related to

business usage over the telephone.
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It is interesting that three recognizers which would be

closest to meeting Coast Guard requirements involve a

generally similar approach to voice recognition. Fach unit

digitally encodes voice input samples for comparison with

stored "templates"; the approach is to correlate stored

filter coefficients or other stored "template" data with

incoming speech samples. -iven an appropriately hiqh

correletion, a match occurs, the word is recognized, and

appropriate ASCTT messages are output from the recogniticn

unit. This ASCII output can be used to define a variety of

instructions as required. Only one of the recognizers does

not require "training", where specific speakers follow a

predefined sequence for encoding their recognitict

vocabulary "templates."

In terms of meeting specific Coast Guard operational

and technical requirements regarding spotting of keywords in

incoming distress signals ("mayday", "sinking", etc.), we

note that the Verbex 1800 comes closest. Again, we note

that at least one device might be close. This recognizer can

handle up to 50 words plus the digits, in a

speaker-independent mode over the telephone (and with

accompanying adverse noise conditions) with high accuracy,

but it cannot handle connected speech input. It should be

pointed out, however, that there may he a possibility of

using a speaker-independent, isolated word recognizer for

meeting Coast Guard speech recognition requirements.
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Although all sample radio transmissions which were

acoustically evaluated by SCPL involved connected speech, we

do have the impression that mariners generally pronounce

distress signals slowly, and repeat keywords such as

"mayday". If this is generally the case with incoming Coast

.uard distress calls, an isolated word recognizer could be

expected to successfully recognize a high percentage of

keywords in Coast luard distress signals. We should point

out that there remain several uncertainties regarding such

an approach. One important consideration would be how false

recognitions might be generated by connected speech input

surrounding the "isolated" keywords to be spotted.

There are at least two further points to note regarding

Coast Guard station automation plans and the possibility of

using speech recognition to spot keywords in incoming

distress signals. First, there is the basic consideration

as to what level of speech recognition product might most

easily be integrated into Coast Guard station automaticn

plans. Second, is the consideration as to the relative cost

of different levels of speech recognition devices.

As noted previously,there are several levels of speech

recoqni tion products widely seen in today's commercial

market, including board-level recognition products and

stand-alone devices. Board-level recognition products are

most suitable for installations which are already equipped

with a host computer capable of accepting the common RS232C

S34
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interface. Stand-alone recognizers are most suited to

installations which do not have a host computpr with enough

storage to handle speech recognition.

It should be pointed out that stand-alone speech

recognition units tend to be relatively expensive, since

they are generally built around an existing minicomputer.

Wherever this minicomputer can be used for tasks in addition

to speech recognition (such as wcrd processing, lata

storage, etc.), it makes a more cost-efficient package than

if it operates only as a speech recognition hcst.

6.2 SPEECH SYNTHESIS TECHNOLOGY

As pointed out previously, SCL is very optimistic that

presently available speech synthesis technology exists which

is fully capable of meeting Coast Guard operational and

technical requirements for synthesis of weather rerorts,

notices to mariners, hydrographic information, and other

( desired broadcasts. Application areas include Communication

Stations, Radio Stations, Group Stations, and Search and

Fescue Stations. We recommend that the Coast Guard ccnsider

using both an analysis synthesizer to obtain natural

sounding speech and also an ASCiI-prompted (for incoming

weather reports via teletype) rule-type "" ext-to-speech"

speech synthesizer for future efficiency and extended

ability.

It should be pointed out that the roast ruard requires

a speech synthesizer with an essentially unlimited
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vocabulary (for names of ships, storms, etc.). Coast Guard

r pet-ch synthesis also needs high-quality audio output.

Synthesized Coast G uard broadcasts should have good

prosodics, such as realistic sentence intoraticn, and a

variety of voices. A Coast Guard consideration has been

that advanced technologies, such as speech synthesis, offer

the possibility of conserving manpower, and thus saving

operating funds.

6.1 DEVELCEMFWAL EFFORTS FOR SPEFCP RECOrNTTTON 'ECNOtOrY

As this report has mentioned, there are no currently

available speech recognizers which can handle connected

speech in a speaker-independent mode. A variety of

manufacturers are now developing this type o speech

recognition system, for it has such a diversity of potential

markets.

m.anufacturers point out that the development of a

completely speaker-independent recognizer that would handle

connected speech involves several technical problems which

have not yet been fully solved. These problems include:

1) Need for segmentation programs which correctly

determine the words or phrases to be matched with

stored templates.
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2) Need for better time warping alogrithes to more

accurately match reference templates with input data.

3) Need for better alogrithms for relating essentially

unique or idiosyncratic acoustic manifestations to

common reference templates, including both phonetic and

prosodic phenomena.

Tn terms of Coast C,uard devplopmental efforts in the

area of speech recognition, this report suggests that the

above problems are exceedingly difficult and commercial

manufacturers are now working on them. we feel that

developmental efforts the Coast Guard might make in this

area would closely parallel those of commercial

manufacturers of recognizers and would not be cost

effective.

Speaker-independent recognition with connected speech

should not be that far distant by current manufacturers. WeI
have already pointed out, for example, that one recognizer

will handle isolated digits and control words, plus up to 50

selected optional vocabulary items, in a completely

speake r-inde pendent mode over the telephone. Several

manufacturers of recognizers already market recognizers

which will handle connected speech (approximately 180 words

per minute). Speech recognition technglogy is very

dependent on the LSI chip industry. As prices for LST cbips

continue to decrease, we can expect to see improved

performance from commercial speech recognition devices. With
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this in mind, one can readily envision a completely

speaker-independent recognizer which will handle connected

speech in the not-too-distant future. For this reason, we

suggest that the Coast Guard need not sponsor the

development of a special purpose speaker-indepen dent

connected speech recognizer for their applications.

One area where the Coast Guard should concentrate its

efforts concerns the overall planning strategy for station

automation requirements. Several levels of speech

recognition products currently exist, for example, board

products and complete stand-alone products. To easily

integrate speech recognition technology in automation

planning, the Coast Guard should consider what kind of an

approdch it Will be taking with regard to computer selection

and implementation. & key point to consider concerns the

question of how much computing capatility is required to

meet Coast Guard requirements for automation of its

facilities.I
6.4 DEVELOPMENTAL EFFORTS FOR SPEECH SYNTHESTS TECHNOLOGY

As we have already stated, speech synthesis technology

currently exists which appears capable of meeting Coast

Guard operational and technical requirements related to its

broadcast requirements. Both an analysis synthesizer and a

rule-based text- to-speech synthesizer would provide a

convenient means of preparing Coast Guard weather reports,
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hydrographic information, notices to mariners, safety

messages, and other desired broadcasts. Consequently, there

is no real need for the Coast Guard to initiate

develofmental efforts regarding speech synthesis systems for

meeting its broadcast requirements. Applications studies

are what would be recommended.

As with speech recognition technology, speech synthesis

technology is heavily tied to the economics of the LSI chip

industry. Recent years have seen a real decline in prices

for LSI chips and an increase in their capabilities. This

trend is expected to continue, so that speech synthesis

technology will become even more attractive, not only in

terms of performance, but in terms of price as veil.

We do suggest that the Coast Guard consider speech

synthesis technology in the framework of its overall

automation planning requirements, so that this technology

( can easily integrate with the overall Coast Guard computing

requirements for station automation planning.

6.5 SEECH RECOGNITION COST EFFECTIVENESS

3peech recognition technology has generally been most

cost effective: 1)in terms of the manner in which it

increases the efficiency of human/equipment or man/machine

interactions, 2) through its ability to automate procedures

that previously required human operators, and 3)in terms of

its overall efficiency in recording data from human

operators.
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1) Speech recognition technology has been cost

effective for humans who are employed in

situations where their hands are occupied,

but they must still record various types of

data. For example, speech recognition has

been used to facilitate data entry from

humans who are performing various types of

inspection procedures which require the use

of both hands, such as inventory accounting

and cartographic analysis.

2) Speech recognition technology has, in various

insta nces, replaced human operators

altogether where procelures are to be

initiated upon simple verbal commands. An

example of this would be situations wher

companies receive incoming phone requests for

certain types of information, as with stock

brokerage firms that typically receive

numerous requests for quotations on

securities. In such situations, speech

recognition technology has proven its abilit7

to eliminate human operators, and to provide

required information over phone lines based

upon user prompting via alphanumeric input.

To this point, only one manufacturer has

provided customers with a completely
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speaker- indepe nde nt speech recognition system

capable of providing this kind of telephone

service.

3) Voice input of data is a highly effective

means of obtaining data from humans, as

opposed to data entry via keyboard which is a

mluch slower process. Speech recognition

technology has also proven its ability to

offer a very efficient means of entering

commands to computers. A basic illustration

of the effectiveness of speech recognition

technology involves the fact that humans,

too, can more efficiently respond to voice

commands, as opposed to visual or cther forms

of prompting.

As viewed by the Coast Guard in its Statement of Work

for this project, speech recognition technology appears to

J be most applicable as a means of assisting human operators(who monitor distress frequencies. In this sense, speech

recognition technology would be intended not so much to

replace all human operators, but to provide a low-cost

assistance in guarding distress frequencies. At this level

speech recognition technology would not actually reduce

front-line operating expenses, but would instead be designed

to increase the Coast Guard's overall efficiency in

monitoring distress signals.
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Speech recognition could otfer cest savings to back up

operators monitoring distress signals. Wherever personnel

are now used to back up these operators, speech recogniticn

systems could potentially eliminate those individuals and

free them For other duties. Multi-channel recognizers

already exist and future generations of recognizers will

likely continue this capability. Given this assumpticn, a

single recognition unit could be used to back up several

operators through its capability tc mcnitcr keywords cn

several channels simultaneously.

Concluding, speech recognizers do offer definite cost

savings advantages in numerous situations. However, in

terms of the Coast luard's applicaticn for keyword sFotting

as a means of backing up human coverage of distress

frequencies, its main advantage lies nct in terms of its

cost effectiveness, but in terms of its overall potential to

provide low-cost effective back-up to the Coast Guard's( onitoring of distress signals.

E.6 SPEECH SYNIHESIr COST EFFECTIVENESS

This report has already noted that speech synthesis not

only saves on manpower required for meeting broadcast

requirements, but is also an ideal technology for achieving

a more fully automated broadcast facility. As an eKample of

this sort of automation, again refer to the Coast Guard

weather reForts which are received via teletype. Py using
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ASCIT [romating as input to a voice synthesizer, weather

reports could be prepared and stored for broadcast by

computer. Weather reports would then consist of stored

ASCTT input for producing the required broadcasts on a

speech synthesizer. This method would entirely eliminate

soundproof booths, storage on analog tape, variation in

microphone-to-mouth distance, and much of the time it now

takes operators to prepare weather reports. Since speech

synthesis technology is also an entirely solid-state

technology, it should also increase the reliability of the

Coast Guard's broadcast system.

The overall degree of cost savings resulting from the

use of speech synthesis technology will vary, depending upon

the manner in which it is used. For example, many

applications have used speech synthesis to aid in setting up

P&'5 icient man/machine interactions. Other applications have

used speech synthesis technology to entirely replace human

operators.

6.1 E FECTTVE USE OF SPEEC9 SYNT9SIS TN COAST GUARD

BROADCA SIS

The first and most effective use of speech synthesis

would be to broadcast the Coast Guard Weather reports. It

is suggestei that the Coast Guard might collaborate with the

National Weather Service (NWS) in a joint effort to automate

this service. This would be in line with a Task Report

I - IJ3 -
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prepared ty the NWS on creating a sazflp vccabularv of words

and/or Fhrases sui table for ur; with allrora m speech

generation systems. 'he NWS Freviousiy hal evaluatel svstems

caLable of Irovidling an aitomated readou!I- of co pn t er

jpneratel weather reports, Farticularly those use' on NCAA

heathe r Padio. The US3* had a!so testel thc puIlic's

reaction to computer generated fcrecastr whi7h wC re

1roadcasted over TSrC Vashington 's NWF for a t9-day period.

Tublic reaction to these tests was favorable and indicated

that the Eublic %ould accept a broadcast 1'y a sprech

synthesizer that tasicallv filled in t p blanks of a

fcrecast using pre- recorded phrases selectel from a

standarlizel list of permisitle exFressicrr.

'ith the roast I xar1 's operational and fechnical

re:iirements in mind, we fsujgest that iritia IIv analysis

5yntYLasis be use(! for broadcasts to insure t he most natural

soun,!ing 3peech. Tntroducing syrthetic sIeech presents

J a IuS t Iet s to the listeners of the broadcasts, so it is

.s;ential that that the messages te trarsmitted with the

ighest quality sFeech possible.

7Pef eel that ultimately rule synthe-is ha very

' n ite advantales for its potential use. Firnt, iil

5;Vnt'izerZ allow an essentially urliifited vccabulary.

*n !inputiished working ducument.
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2everal companies have recently narketpi "text-tu-rpeech"

synthe.sizers, where users merely t ype in , the desirEd

phonemes and the unit outputs the desired vccabula cy item!7.

1e have already mentioned that the Coast Guard receives

incoming weather reports via teletyFe. Firce most y'pes cF

synthe.iizers accept commands via ASCII, we suggest that te

Coast ':uard connect a "text-to-speech" rule synthesizs-r to a

teletyre, so that incoming weather reports could te pr;pirel

for broadcast, as they are received, using syrthesir.

Ass uing thdt Coast Guard communications facilitie.; are

to be automatel, a computer cculd be use! te i ]s ue

synthesized broalcasts to mariners at specified intcrvals.

-his approach eliminates found[rccf bccths anrd Fpeker

irconsistencieE, since synthesize. speech ouitput is uniform

an Free from tackground ncise ard variaticr in

ricrophone-tc-mouth distance. Speech synthesis technolocy

oflcers the advantage of all solid-state olectrcnics, as

c Eosed to analog recording techniques now used ly the Coast

u ar1. Such electronics have prcven to be highly reliable

az they ccntain no moving parts.

Pule-type t ext-to-speecb synthesizers require less

-rejra n ing support than do other types of speech

ry'ntsi7ers; the user merely tyres in the required text at

the keyboard of a CRI terminal, and the synthesizer produces

the lesired output. Pule syrthesizers egui re little

linquitic soFhistication on the part of the user. c

14c
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Irice of this type of s)nthesizer has seen a downward trend

recently, anI should cont.nue tc lecrease cvp.r the neit

several years. Tt is anticipated that thl quality of speech

will improve over time, so that it will he compelitive with

the very natural sounding analysis syrthesis.

Later, when weather reports have becn Etfectively

broadcast using speech synthesis, ether routine messages

coill also be automatically generated. Iust as there is a

suggestion of initially using analysis synthesis for

naximally natural sounding speech in weather reports before

introlucing the extondatle rule syrthesis, a similar pattern

cf hrcadcasting conll he done for other messages. Te

listeners coul,, adjust to Tore and more ressages being

troalcast synthetically, if the qiality were as humanlike as

,o.5isiblp. Then, if unlimited vocabularies were !scribed,

rule syntheEis which is more machine-like, tilt capatle of

generating any an] all utterances, inclurding new words and

Ircper naes, could be ised. Ey carelilly monitoring

listener response, the Coast guard ccull determine the

rumber and types of messages Ihat should be generatcd

synthetically. Also, records could bn kert on the

effecfiveress cf 'iing speech synthesis for Coast Guard

br oadlcast. lt is predicted that the synthetic message will

be more an] more natural sounding as the technology

continues to make advances and that public accertance of

ccwputcr generated broadcasts will be regularly increasing.
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APPFNDIX A

GLOSSAVY OF TERMS ISED IN THTS PEPOPT

This glossary is intended to present to interested

readers definitions of various terms used in this

report. These definitions are designed to facilitate

comprehension of this report by those whose technical

expertise may lie outside the area of voice technology.

1) Accuracy rate - performance measures given by

manufacturers of their recognition systems.

These figures must be regarded with some care. The

accuracy rates are based on different types of

vocabularies, since there is not any widely

accepted vocabulary used to test recognizers. Each

manufacturer is generally free to use its own

chosen vocabulary. Naturally, some vocabularies

are easier than others for recogniticn success.

For example, "right" vs. "left" and "up" vs.

"down" are easier to distinguish acoustically from

one another than are "right" vs. "ripe" and "down"

vs. "done". Typically, manufacturers choose

sample recognition vocabularies that are maximally

effective for their own recognizers. Thus, we

t



notice that rarely will any manufacturer of speech

recognizers claim an accuracy rate of less than 95

- 99%. Thus, it is extremely important to test

recognizers with the intended vocabulary for the

user who will purchase the system in order to

obtain a better idea as to what the accuracy rate

of the recognizer will actually be in the field.

2) adjustable reject se ttin% - variation of the

acceptance threshold for vocabulary items. For

example, if the adjustable reject setting is too

high, the accuracy rate will be reduced, since

only input vocabulary items with a very hi7h

degree of statistical correspondence with stored

templates will be recognized. On the cther hand,

if t he re ject level is set too low, false

recognitions can be generated, since there is a

relatively lower criterion for matching input

vocabulary with stored templates. Part of the

solution to this problem involves the careful

choice of vocabulary items, so that they are

maximally distinct acoustically.

3) analvsis syntbesa - a type of speech generation or

speech synthesis that is based upon an acoustic

analysis of real human speech. Basically, an

analysis of human speech can be used to define the
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gross values for a digital filter simulating human

speech. This type of synthesis is distinguished

from rule synthesis which does not base output

speech upon real human speech, but on basic

combinations of acoustic parameters which produce

human-like speech. A common type of speech

analysis used for analysis synthesis is linear

prediction coding known as LPC synthesis.

) bit late - the number of bits that are used to

synthesize digitally a speech utterance. The

lower the bit rate, the less information that has

to be stored in computer memory. This is an

important consideration for cost effective speech

synthesizers. The higher the bit rate, the more

information that contributes to natural sounding

speech synthesis.

5) byte - one unit of information in computing. On TBM

systems, there are 8 bits per byte. On ASCII

terminals, there are 7 bits per byte.

6) 22otliculations - the changes in the acoustic

parameters of speech which occur between adjacent

* vowel and consonant sounds. When individual

speech sounds are joined together to form words

and sentences, certain of their acoustic

parameters are affected by the neighboring sounds

! - 57-



or phonemes. Accountinq for all possible

coarticulations between phonemes is a difficult

procedure, yet one that is essential for producing

the best speech synthesis.

7) codec - a device which stores speech data which have

been digitally encoded.

8) c_.outer storage - both "real storage" which is the

amount of storage required in the central

processing unit of the computer and "virtual

storage" which is storage within the computer, but

not part of the central processinj unit.

9) 2nnected or continuous sieech recognizer - a

recognizer that is able to correctly identify

input speech which consists of concatentted, or

connected, stringI of words. This is a much more

difficult task thin recognition by isolated word

j recognizers, for the words flow continuously

together and do not have boundaries of silence

betweeii them.

10) EPROM - eraseable, programmable, read only memory

category of LS1 (large scale integrated) chips.

11) jormant - an acoustic resonant frequency and its

$! associated bandwidth. Every speech sound has a set

of formants which are determined by the

configuration of the vocal tract.
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12) fricative sPeech souns - productions of spepch

which are predominantly turbulent, since t hey h ive

a noise source at the place of articulat ion.

Examples of fricatives include the first souni in

each of the following words; Lun, we_!r, he.

13) isolated word L £.Qnizer - a recognizer that is

able to handle only single, or isolated, worts

which are not embedded in phrases or sentpncps,

but are pronounced with boundaries of ;i ence

surrounding them. This is an easier recolnition

task than that of handling "con nect el speech"

which consists of words strung together to Iorr

whole sentences, at a regular repetition r-ttc.

Isolated word recognizers generally perform tb--t

where input vocabulary items are proricunce I I

relatively slowly and precisely, both lurin,

training and actual recogni tion.

14) k!eyword po ttiaa- recognizinj cprtain worl' f

specific interest in connected speech input. The

Coast fluarl has seen keyworl spottini of ;1),-

words as "mayday" or "fire" as a means of bickinj

up human operators who are issimnci to mcnitcr

radio receptions on distress frequencies.

15) IkC snthesis - a type of speech generaticr 'r

speech synthesis that uses a "linear preliction

-159-

______________________________

-" , . .. . .. . . ..



coding" model of speech. This approach of analysis

synthesis uses a digital filter to model the human

vocal tract; it is based upon the statistical

assumption that human speech changes relativply

slowly, and that it is possible to predict the

next set of acoustic measures based on a knowledge

of previous ones.

16) LST chiLp - large scale integrated circuits which

are put into a single chip. The LSI chip industry

is a key part of speech technology. As the price

for such chips ha s dec rea sed through volume

production mpthods, integrating speech technology

into new product areas has become more attractive.

17) naa1L _etech sounds - productions of speech which

are male with the air stream being emitted only

through the nose. Examples of nasals include the

1first sound in the word mat and in the word pice.

e) noneriodic sound - a sound which does not have a

waveform with a consistently repetitive rate. For

example, vowels are characterized by having

waveforms which are basically periodic in nature,

but plosives and fricatives do not have such

waveforms. These consonants have nonperiodic

waveforms of burst and turbulence. We have

noticed that nonperiodic sounds were commonly

-160-



found in Coast Guard radio receptions, such as

pops and clicks. These nonperiodic sounds can

sometimes generate false recognitions when

mistakenly identified as plosives or fricatives.

19) O.E.M. - original equipment manufacturers. This

includes companies that integrate comm ercia lly

purchased items, such as LSI chips, into their own

products which are again sold as a finished

product.

20) performance analysis - a statistical analysis of

human or human/equipment performance. The basic

concept involves identifying variables which

significantly affect human or human/equipment

performance of a predefined task through multiple

regression and factor anal ysis. The term

performance analysis refers to actually deriving a

regression equation which describes human or

I human/equipment interactions. Such an equation

would be helpful by identifying variables which

significantly affect recognition accuracy rates.

If we actually had a performance analysis of

speech recognizers which gave significant results,

we might be able to identify which recognition

algorithms were relatively preferable to others.

I
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21) phontmes - basic units of sound in human speech,

sometimes referred to as the vowels and consonants

of the language. Phonemes are discrete sounds

which can cause a difference in meaning between

otherwise identical words, such as "bat" and "pat"

or "but" and "bit".

22) 2honetic context - the location of an acoustic

entity with reference to surrounding sounds. The

acoustic context has a noticeable effect upon

phonemes. Linguists commonly refer to allophones

which are pronunciation variants of basic phcnemes

due in part to their phonetic contexts. Since a

given phoneme can have a variety of allophones,

this makes the overall recognition task more

difficult, particularly when attempting to devplop

a speaker-independent recognizer which will handle

connected speech wit' various allophones.

23) Rosi ves souInds - productions of speech which

involve a blocking or stoppage of the air flow

from the vocal tract. Fxamples of plosives

include the first sound in each of the following

words: E-1, J2oou qiYe.

24) _o224i - the "suprasegmentals" or influences of

duration, fundamental frequency, and speech

product ion power upon basic phonemes. These
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influences include e mpha si s, stress, and

durational patterns of the vowels and consonants.

The prosodic parameters are basic to both the

recognition and synthesis of speech.

25) Epij s.ee2h - speech which is produced

considerably faster than carefully articulated

speech.

26) _O_ - read only memory LSI chip category, not

erasable or programmable.

27) rule yant h es is - a type of speech generation or

speech synthesis that uses a set of rules to model

speech. This approach specifies which

combinations of acoustic parameters are t- be used

to best imitate human speech.

2P) saIping rate - the frequency with which speech

recognizers digitally encode speech data. Such

digit ized data are actually numerical codings

which represent the translation or analysis of the

real speech waves. The numerical data are taken at

uniform points along these speech waves and

expressed as a function of time. A common

* sampling rate for laboratory analysis of speech

waves is 10,000 samples per second. Commercial

recognizers, however, tend toward a lower sampling

rate to conserve memory.
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29) _geake21 je~elndegt rec nizer - a recognizer that

requires "training" by an individual before

recognition of that individual's speech can tak.

place. "Training" generally consists of having the

person whose vocabulary is to be input for

recognition repeat this vocabulary several times,

so that templates can be established for each

vocabulary item of a given individual. Such

templates are then used for comparison with

incoming vocabulary items.

30) speaker independent recognizer- a rocognizer that

does not require "training" by individual speakers

before recognition of that individual's speech can

take place. A speaker indppendent recognizer

allows virtually any person to input speech with

no stored information atout that speaker's

characteristics to aid the machine in its

recognition of the speech.

31) speech reconizer - a device that accepts speech as

an input and produces typed messages or action by

a machine controlled by the recognizer as output.

A speech recognizer can be digital or analog. It

can be one of two types: I) isolated word, or 2)

connected or continuous speech.

I1
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32) 5plech nthjsizer - i device that generates speech

mechanically. A speech synthesizer can he digital

or analog. Tt can be one of three types: 1)

analysis synthesizer, 2) rule synthesizer, or 3)

digital recoding synthesizer.

33) temj2lates - acoustic manifestations of words or

utterances that have been stored in digital farm.

Templates are actually sets of numbers

representing acoustically derived parameters.

When training speech recognizers, templates are

set up as a speaker repeats his/her vocabulary

items into the recognizer. Later, these templates

are used as references for statistical comparison

to input vocabulary items to determine the

identity of the input vocabulary.

34) voice recoqnition - either automatic recognition of

words and sentences which are spoken into a speech

recognizer or automatic recognition of the voice

quality of the speaker, thus serving as an

identification of the person who is speaking. Tn

the first case, "voice recognition" is synonymous

with "speech recognition" and in the second case

with "speaker recognition"

35) voiced peech sounds - productions of speech

involving a vibration of the true vocal folds.
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Examples of voiced sounds include the first sound

in each of the following words: it, e, b

36) voceless spee h ou !js - productions of speech not

involving a vibration of the true vocal folds.

Examples of voiceless sounds include the first

sound in each of the following words: keep, sA!_.

(6
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APPENDIX B

DESCPIPTION OF ILS

The ILS commands have been written to utilize

peripheral sevices such as disk packs For data

storage and retrieval, the line printer for

listings, and the analog-to-digital and

digital-to-analog converters as means of

intprfacing the analog representation of signals

with the digital representation. The means of

interaction with the system is a terminal which

has graphic as well as alphanumeric (text)

capahilities.

The ILS software has been developed as a set

of self-contained program modules which are

utilized serially. Each ILS command is a program

module which executes a specific task. The program

module.; are stored on disk and are brought into

core one at a time by user command. Consequently,

except for the keyboard monitoring program, the

memory resources of TLS are only in demand when an

ILS command is being executed.

Thus, LS is not taking up memory space

during the time the user is just thinking,
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examining a display, toying the next command, etc.

This is an important factor in multi-user systems

which may have memory limitations.

The critical provisions for communication of

parameter values between program modules is made

possible by providing on disk an exclusive file

for each user. This file. conveniently designated

as the user's COMMON file, contains g]obal system

parameters and it serves as a work area for

deposit and re trie va I of information by all

commands executed by the user. The acquisition of

shared information is affected as each modile

initiates its execution by reading the

disk-resident user's COMMON file. At 9he

conclusion of its execution each module then

rewrites back onto disk the updated version of the

user's COMMON file. In this way an TLS module can*1 operate on previous results and arguments passed

through the user's COMMON file by a preceding

module.

Becausp of the modularity of the system, any

program module may be modified without affecting

the other modules. This feature also permits thp

replacement or addition of program modules on disk
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providing they are proper] y lesigned to be

compatible with the ILS conventions. Thus, each

user can have his own tailored ILS commands.

ri nciple of 0 eration_

The software complement of the Interactive

Laboratory System has been designed to function

entirely under the control of the computer's own

operating system. In this way the TLS modules take

advantage of existing subroutines and file

structures available within the computer

processing system.

Tt may be helpful at the outset to describe

the memory organization of the computer system

very simply as having two working ,egments. One

segment is occupied by the computer operating

system (at all times) and the other is available

for the execution of programs entered by various

computer users. The computer opprating system can

be described in most general terms as an operating

executive which allocates computer resources to a

set of users. This system itself consists of a

collection of programs and tables which are use,

to control the flow of information processing

within the computer.
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The Tnteractive Laboratory System is an

organized collection of interrelated but

independent program modules. These disk-resident

modules are independent in the sense that each

module becomes the sole occupant of the user

segment of core when called out by user command,

and thus renders a solo performance as far as the

remaining disk-bound modules are concerned. The

interrelatedness of the ILS program modules is

realized through the passing of constants,

variables, and arrays through each user's COMMON

file from one successive module to another.

It may turther be helpful to identify the

actual nature of the program modules as they are

placed on disk. The modules actially consist of

files of binary data which are computer

translations into machine language of the original

FORTRAN source program written by the ILS

programmers. Uhen read into core, these files

become operating intelligence in executing the

objectives written into a module. In order to do

this, the processing system of the computer in

effect places itself at the disposal of the ILS

program currently resident within the core and

implements its instructions.



APPENDIX C

LIST OF MANUFACTURERS

Centigram Cora. 155A Moffett Park Drive, Suite 108,

Sunnyvale, California 94086 (408) 734-3222

Lftqie stics, Inc. 1285 4ammerwood Avenue, Sunnyvale,

California 9 4086 (408) 734- 8532

.L.terstate Electronics Corp. (ATO s ubsidiary) 1001 E.

Ball Poad, P.O. Box 3117, Anaheim, California

92805 (714) 635-7210

Nippon Electric Com.anX, Ltd. NEC America, Inc. 532

Froadhollov Road, Melville, Ne York 11746 (516)

752-9700

3cott Instruments 815 North Elm, Denton, Texas 71201( (817) 387-9914

Threshold Technoloqy, Inc. 182"1 Underwood Place,

Delran, New Jersey 08075 (609) 461-9200

erbex C orj. (Exxon subsid ia) 2 Oak Park, Bedbord,

Massachusetts n1730 (617) 275-5160

-171-



Voicetek P.O. Box 18, Goleta, California 93017 (805)

6 85- 1r4

Votan, Inc. 26046 Eden Landing Road, Suite 7, Hayward,

California 94545 (415) 785-8060

Manufacturers of I_,ec S n nhesj Products:

Centigqran Corp. 155A Moffett Park Drive, Suite 108,

Sunnyvale, California 94086 (409) 714-122?

neral Instrunents Cornp. Microelectronics Division,

600 West John Street, 9icksville, New York 11q02

(516) 733-3107

I lntestate Ectronics Cor. AT iir 1001 E.

Ball Poad, P.O. Box 3117, Anaheim, California

92805 (714) 635-7210

Kurzweil CoOPter _Produts, Inc. 31 Cambridge Oarkway,

Cambridge, Massachusetts 02142 (617) 864-4700

IaLIJand Comper Services, Inc. 502 Pock Spring

Avenue, Bel Air, Maryland 21014 (301) 838-8888
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Rimic Electronics P.O. Box 921, Acton, Ma.;- ich.', tt

01720 (617) 263-2101

MSC. 1640 Monrovia, Costa Mesa, C, . ?7 ( 1)

642-2427

Nation!11 Semiconductor Corp. 2900 -,emiconlui-tr D ivw,

Santa Clara, California )50')1 ('09) -

Percom Data C2., Inc. 211 Nort , Kirby, ;Ar1 IJ, in " I

750112 (714) 272-3421

Telesensory 22eech .2stel, I nc. 1404 AillIview ',,

Palo Alto, California 9430L (415) 94-?J,

Texas Instruments 9600 Commprce Park Drive, ' ',.

Houston, Texas 770316 (713) 716-11

Votrax 500 Stephenson Hiqhw~iy, Ttoy, lichijit.

(313) 58B-2050
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